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Abstract
The primary goal of this work is to measure the acoustic properties of a surface
in situ. This generally involves sound pressure measurements and a calculation of
the acoustic reflection factor of a surface, which may then be used to calculate the
acoustic impedance or the acoustic absorption coefficient. These quantities are of
use in acoustic simulations, architectural design, room acoustics and problems in
noise control. It is of great interest to determine the performance of a particular
surface where it is used, as opposed to measurements conducted in a laboratory. In
situ measurements are not trivial, caution must be taken to ensure that high signal-
to-noise levels are achieved and that the reflections of sound from the measurement
environment are taken into consideration. This study presents five measurement
methods that may be applied in situ. The acoustic absorption coefficient is calcu-
lated for each method on various surfaces spanning the whole range of absorption.
Emphasis is placed on frequency resolution, in order to determine absorption char-
acteristics in the bass region (50 Hz to 200 Hz). Advantages and disadvantages of
each method are demonstrated and discussed. Finally, the in situ implementation
of the surface pressure method is presented and measurements are made in order
to test the limitations of this approach.
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α Absorption coefficient of a surface. This is the ratio of absorbed to incident
sound intensity.
αk Absorption coefficient per unit area of a given surface denoted by k.
δ Acoustic centre of a loudspeaker.
δ(q) Dirac delta, equal to infinity when q = 0 and zero elsewhere.
ε Material strain.
η Material damping coefficient.
λ Wavelength of sound wave.
λp Wavelength of vibrations in a panel.
ω Angular frequency, equal to 2πf .
φ Angle of incidence of floor pressure wave reflected from surface.
ρ Reflection coefficient of a surface. This is the ratio of reflected to incident
sound intensity.
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3].
ρo Density of air at standard temperature and pressure, equal to approximately
1.18 kg/m3.
σ Mass per unit area of a sheet or plate.
τ Transmission coefficient of a surface. This is the ratio of transmitted to
incident sound intensity.
τm Transmission coefficient of wall in the mass controlled region.
τs Transmission coefficient of wall in the stiffness region.
θ∗ Coincidence angle.
t̃ Transmission factor, given by the ratio of transmitted to incident pressure.
xiv
~k Wave vector, its magnitude is given by 2π/λ. The direction of this vector is
the same as the direction of the wavefronts of a wave.
~nin Inward normal vector to the surface.
~q Displacement of sound wave.
A Total absorption of a room, given by the product of absorption coefficients
per unit area and the area of the room surfaces.
a Absorption factor of a surface. This is the ratio of absorbed to incident
acoustic pressure.
B Bending modulus.
b Acoutics source radius.
Bω Amplitude of pressure component pω.
c Speed of sound in a medium, for air at 20 this is equal to approximately
344 m/s.
Cs Mechanical compliance of a panel, equal to the reciprocal of the spring con-




famn Resonance frequencies of an aluminium sheet.
fsmn Resonance frequencies of a steel sheet.
FFT Fast Fourier Transform.
FR Frequency Response, the Fourier transform of the impulse response.
h Thickness of a sheet/plate.
Ia Absorbed intensity by a surface.
Ii Incident intensity on a surface.
Ir Reflected intensity from a surface.
j Imaginary unit equal to
√
−1.
k Wave number, equal to 2π/λ.
lx Length of plate.
xv
ly Width of plate.
Mx Bending moment of a plate, x-component.
My Bending moment of a plate, y-component.
MLS Maximum length sequence.
p Acoustic pressure.
p∗ Complex conjugate of the acoustic pressure.
pω One frequency component of the total pressure p.
Pa Absorbed sound power by a surface.
pa Absorbed pressure by a surface.
Pi Incident sound power on a surface.
pi Incident pressure.
po Pressure wave amplitude.
Pr Reflected sound power from a surface.
pR Acoustic pressure at the rigid surface (steel sheet).
pr Reflected pressure by surface under study.
pt̃ Transmitted pressure.
pir Incident and Reflected sound waves from a surface under study using sub-
traction technique.
pref Reference pressure, equal to 20 µPa.
pRm Pressure waves reflected off room surfaces.
prRm Reflection of the room reflections by the surface.
prsl Reflection of the scattered wave by the surface.
psl Scattered wave by the loudspeaker.
ps Acoustic pressure at the surface under study.
q Distance variable.
qh Microphone height with respect to floor.




qref Reference distance in metres, used to normalize units when writing spherical
waves.
qs Distance from loudspeaker to surface under study.
r Reflection factor of a surface under study. This is the ratio of reflected to
incident acoustic pressure.
r⊥ Reflection factor at normal incidence.
S Material stress.
s Poisson’s ratio.




V Volume of a room.
vi Incident particle velocity of sound wave.
vr Reflected particle velocity of sound wave.
vt̃ Transmitted particle velocity of sound wave.
viz z-component of the incident particle velocity.
vrz z-component of the reflected particle velocity.
vs Particle velocity at the surface under study.
xo Position on x-axis.
y Distance variable.
yo Position on y-axis.
z Distance variable.
Zc Characteristic acoustic impedance. This is the ratio of acoustic pressure to
the particle velocity of a plane wave, which is the product of the density of
the medium times the wave speed.
Zm Mechanical impedance of a plate, given by the ratio of force to velocity at
the plate.
xvii
Zs Specific acoustic impedance. This is the ratio of acoustic pressure to the
particle velocity.
ASTM American society for testing and materials.
BD2 Back door 2nd floor location for surface pressure method.
BD3 Back door 3rd floor location for surface pressure method.
dB Decibel, a unit of measurement for sound pressure level, defined as 20 log10(p/pref ).
FD2 Front door 2nd floor location for surface pressure method.
IR Impulse response.




It seems appropriate to begin the discussion of absorption characteristics of surfaces
with a mention of its usefulness in acoustics. Two of the main types of treatments
used in rooms are diffusers and absorbers [6]. Diffusers attempt to scatter sound
spatially and temporally in order to prevent coherent reflections from arriving at a
nearby listener, which provides an audience with a similar listening environment.
Absorbers on the other hand reduce the sound pressure or sound energy that is
reflected from a surface by means of some loss mechanism or transmission through
the surface. A combination of these strategies is generally needed in order to solve
acoustics problems in listening spaces.
Absorption of sound is required in numerous contexts, such as: listening rooms,
classrooms, studios, theatres, concert halls and manufacturing facilities. Of course,
absorptive materials may be of use in every type of building, be it residential,
commercial or industrial. The configuration and type of materials may vary in each
case; however, the recurring theme is the reduction in the reflected sound wave (and
energy) returning from a surface. Special materials are therefore chosen in order to
reduce reflections from surfaces in rooms. This reduction usually depends on the
frequency and the angle of incidence of the incident acoustic wave.
In general, the interaction between an acoustic wave and an absorptive surface
will result in a change in the amplitude and the phase of the reflected wave. The
relationship between the reflected portion and the absorbed portion of the acoustic
pressure will be discussed further in this study. Reflections, as well as transmission
through surfaces separating adjacent rooms, may create unwanted noise in enclosed
spaces. Absorptive materials are therefore used to decrease the level of the reflected






Reflections in enclosed spaces add to the acoustic pressure from a source (i.e.
loudspeaker, person, instrument). This addition to the environment can reduce
speech intelligibility and privacy. In sound reproduction, there are issues in relaying
the original information from a recording. The original sound is generally modified
by the reproduction system itself and the listening environment. The listening
space is a key factor here, since it has a bias on which frequencies it accentuates
and which it does not. One example of this is found at low frequencies, where
room resonances occur. These resonances are distinct and significantly audible.
Machine noise is easily noticed with all of the technology that we use today: cars
on highways and roads, manufacturing buildings, shops and heavy equipment are a
few examples. These have to be assessed on an individual basis with the ultimate
goal of reducing the sound levels at particular locations. This is where absorptive
materials are needed.
In the following chapters we will focus on determining the absorption factor
or absorption coefficient. This may introduce some confusion when talking about
transmission factors or coefficients. The transmission of sound describes how much
sound actually passes through a given surface. A portion of the sound is lost
when the wave travels through the surface, this may sometimes be referred to as
absorption. In addition, part of the incident sound on the surface is reflected. In
this study, we restrict ourselves to the acoustic properties of the room in which
we are situated, and therefore do not verify how much sound is transmitted. Our
approach is solely to see how much sound is reflected from a surface, which allows
the absorption characteristics of the surface to be calculated. The term absorption
here, describes the fraction of the incident wave amplitude (or energy) that is no
longer in front of the surface, which encompasses losses in a structure and the
transmission of sound through it.
1.1 Survey of Current Literature
The measurement of absorption characteristics of surfaces has been carried out for
quite some time. Only a few of the many scientific articles will be mentioned here,
and others throughout the text. Several methods have been used and summarized
by Stevens [35] and Dutilleux [8] in their respective theses.
1.1.1 Standard Methods
Acoustic absorption characteristics of a surface may be measured in many different
ways. Acoustics standards pertaining to the absorption characteristics of surfaces
may be found in technical standards by ASTM international (American Society for
Testing and Materials). Two measurement approaches are widely used, the first is
2
by use of the impedance tube [15], and the second by using a reverberation chamber
[16].
The impedance tube method [15] may be used to calculate the acoustic absorp-
tion coefficient of a sample at normal incidence. A loudspeaker and a sample are
placed inside of a rigid tube, at the tube extremities. Partial standing waves are
formed in the tube when sending sinusoidal signals to the loudspeaker. These may
be detected by moving a microphone inside the tube and recording measurements
[20]. Alternatively, a maximum length sequence (MLS) may be used with one or
two microphones fixed at positions inside the impedance tube [35]. The impulse
response may be found at these positions and subsequently, their ratio taken or,
the incident and reflected signals from the sample separated. This then allows one
to calculate the absorption coefficient of the surface. It has been discussed [15],
and shown [8], that errors may occur if the sample is not properly mounted in this
method.
The reverberation room method [16] may be used to calculate the acoustic ab-
sorption coefficient of a sample at random incidence. In this case sound is incident
from all directions on the sample. A special room is used in order to create this en-
vironment, which requires the sound field to be diffuse. Noise band exciation signals
may be used to measure decay times of the sound in the chamber with and without
the surface under study present. Alternatively a MLS may be used, and the rever-
beration time may be calculated from the measured impulse response [34]. Once
again, a measurement with and without the sample in the room is required. The
random incidence absorption coefficient is determined from these measurements.
Unfortunately, round robin tests of this method have shown significant differences
in absorption coefficients for identical samples [16] [20] [8].
These ASTM international standards may only be used in controlled environ-
ments. Samples either have to be cut from a surface or constructed precisely to fit
in an impedance tube. A reverberation chamber is built specifically for acoustics
measurements. A sample has to be placed in the reverberation chamber in order
to conduct measurements. These methods would have to be modified in order to
implement them in a normal room. One such case will be described in section 3.6.
In situ measurements are possible using alternative approaches, described in the
following section.
1.1.2 In Situ Methods
The reflection method, discussed by Garai in [24] [11] has a simple arrangement, re-
quiring only a loudspeaker and one microphone to calculate the acoustic absorption
coefficient of a surface. A loudspeaker is oriented towards a surface under study
and placed a distance qs away. A microphone is then placed halfway in between the
loudspeaker and the surface (qs/2). The impulse response is determined by use of a
MLS excitation signal. The sound waves are separated into incident and reflected
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components from the surface and the absorption coefficient is calculated. The mea-
surement configuration greatly affects this method. Reflections of sound from the
other surfaces in this room may create measurement errors. These reflections must
therefore be excluded from the incident and reflected signals. This separation re-
quires time windowing and generally results in poor frequency resolution [25]. This
will result in a smoothed version of the actual data at low frequencies.
Several other reflection-based methods have been implemented. A similar ar-
rangement to the reflection method was presented which improved frequency resolu-
tion. This is discussed by Mommertz [27]. The method utilizes two measurements,
one at the surface under study, and a second away from all room surfaces. This
first measurement includes the incident and reflected waves from the surface un-
der study. The second measurement contains only the incident sound wave from
the loudspeaker. The difference between these measurements is the reflected wave,
which may be recovered by subtracting one measurement from the other. The ab-
sorption characteristics of the surface may then be calculated from the incident and
reflected sound waves. This principle is used in [23] and the Adrienne method [2],
which has resulted in a European standard [1].
Once again, this approach is limited by the reflections of sound from the other
surfaces in the room. There is also the reflection or scattering of sound from the
loudspeaker itself. Windowing in the time domain must then be used to sepa-
rate the wanted data from the room and loudspeaker scattered contributions. In
addition, the loudspeaker-microphone distance must be kept fixed for both of the
measurements mentioned above. Errors may arise when there is an incomplete sub-
traction between measurements [27]. Better frequency resolution is obtained in this
method, however it is still difficult to be certain of results at low frequencies. Note
that one measurement is taken as far as possible from the surfaces of a room and
the second is taken at the surface under study. There is always the possibility that
different spectral characteristics exist at each location, especially at low frequencies
where room resonances occur. Note that the noise spectrum in a room generally
increases as frequency decreases.
Many measurement approaches discuss the use of transfer functions. Some con-
figurations implement one microphone at one location [30], one microphone at two
locations [21], two microphones at two locations [9] [37] or even a microphone array
[7]. The use of several microphones has the disadvantage that these must be prop-
erly calibrated in order to reduce measurement errors. All of these methods may
be utilized in situ, however each method has its respective limitations, primarily
at low frequencies. In particular Li and Hodgson [21] use one microphone at two
locations near a surface with a MLS excitation signal fed to a loudspeaker. The
sound waves are modelled as plane waves in one calculation and spherical waves
in another in order to verify which assumption is appropriate. Results were im-
proved using a spherical wave assumption [21]. Both Nocke [30] and Dutilleux et
al. [9] have used transfer function techniques with microphones positioned near the
surface under study at oblique incidence. In Nocke’s case, results down to 80 Hz
were possible, however this is not the case when measurements are performed in
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situ. Dutilleux has proposed several measurement methods in his PhD thesis [8],
however difficulties such as those discussed previously, and long computation times,
have limited the accuracy of his results at low frequencies.
Frequency resolution limitations have sparked the interest in the shortening
of the impulse response [10] [42]. This is done by high-pass filtering a flattened
frequency response (flattened meaning that the frequency response has equal am-
plitude at all frequencies), which in turn causes a quick decay of the impulse re-
sponse. Such techniques are designed for loudspeaker measurements, though we are
interested in combining this principle with acoustic absorption measurements. The
approach would involve the filtering of the entire frequency response, resulting in a
quick decay of the impulse response in the time domain. The incident and reflected
impulse responses would then be safely windowed with reduced error than if no
filtering was used. Mommertz had also discussed a similar method by pre-filtering
of the impulse response in order to create an acoustic pulse of short duration which
could be separated from nearby room reflections [27] [28]. The frequency response
of this system resembles a first order high-pass with a frequency corner at 100 Hz.
It is very important to mention that many of the methods listed above have
been tested using absorptive materials, meaning that most of the incident sound
on the surface under study is absorbed. The reflection of sound from this type of
surface has a very small amplitude. The results that authors have obtained for such
materials are reasonable. This is not necessarily the case for the measurement of
rigid surfaces that reflect most, or all of the incident sound. In this case, experi-
mental values may exceed the theoretical range of the measurement variables [27].
It is not always clear why this happens. Diffraction may be one cause, while the as-
sumption of the wave form, plane or spherical, may be another. The reverberation
room method has also shown absorption coefficients that exceed one for absorptive
materials [16]. This has been attributed to diffraction effects at the edges of a
measurement sample.
Diffraction is a difficult problem to assess and correct for these measurement
methods. Even worse, it is often neglected. As we stated previously, diffraction
from a measurement sample may be significant. Studies such as [19] have considered
the minimum sample size required in order to perform in situ measurements, based
on the time it takes for the diffracted waves to arrive at the microphone position.
In addition, typical loudspeakers will have diffraction effects from the edges of
their rectangular enclosures [38]. We therefore have incident/reflected waves, room
reflections and diffracted waves at the microphone position. The detailed effects of
diffraction have not been included in this thesis due parlty to their complexity.
An interesting measurement method was proposed and validated by Ing̊ard and
Bolt in the 1950’s [14]. Two measurements were made in an anechoic chamber,
one at a rigid surface and another at a surface under study at the same location.
By taking both measurements at the same location in the room, the noise and
reverberation should be similar in both cases. These measurements were used to
determine the absorption characteristics of a surface. Samples were constructed in
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order to verify the accuracy of this method. The results of this study were in good
agreement with the presented theory. To our knowledge, this method has not been
attempted in situ. Applying this approach in situ would require a rigid surface to
be placed in the same location as the surface under study. This challenge will be
discussed further in Chapter 4.
1.2 Objective of Research
An idea presented by Stevens [36] sparked the interest for this study, related to
the in situ characterization of plane outdoor surfaces [17] (for example, road noise
barriers). Road noise was used as a sound source in his measurements. Two
microphones recorded the sound pressure levels at two locations, one at the surface
under study and another 2 metres from the surface. The sound waves are assumed
to be plane. At the surface under study the incident and reflective waves will
add coherently. At the 2 metre position, the incident and reflected waves will
add incoherently (on a power basis). It is shown that the difference between the
measurements at these two locations is between 0 and 3 dB, 0 dB if the surface is
fully absorbing (no reflected wave) and 3 dB if the surface is fully reflective. These
facts were used in order to determine the absorption coefficient of the surface under
study. This approach did not work in situ in its present form. We cannot assume
plane wave propagation between the loudspeaker and the microphone position. In
addition, room reflections and diffraction will add to the response at the microphone
position, which are not taken into consideration in this method.
The difficulties in applying measurement approaches as described by Garai,
Mommertz and Stevens (as well as many others) have shown that work is needed
in this area. The primary goal of this research is to measure the absorption charac-
teristics of a surface in situ. Methods already exist to partially achieve this goal. As
you may have noticed throughout this discussion, one of the greatest challenges for
in situ measurements exists at low frequencies. This will therefore be emphasized
throughout the study. In addition, the acoustical characteristics of surfaces should
not only be determined for absorptive materials, but reflective materials as well.
We therefore require a method that is applicable over the entire range of absorption
or reflection characteristics.
It was decided that five measurement methods will be introduced, implemented
and compared. Comparison criteria will include frequency resolution, applicability,
configuration and accuracy. Practical and theoretical limitations will be investi-
gated in each case. In particular, we would like the method to give results between
50 Hz and 4 kHz, which is an extension towards lower frequencies than conven-
tional methods. It should be applicable for surfaces regularly found in rooms and
buildings, independent of the reflection or absorption characteristics of the surface.
The measurement configuration should be relatively simple and portable. Finally,
we would like this method to be accurate.
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1.3 Outline
Chapter 2 covers the theory related to the calculation of the acoustic absorption
coefficient from pressure measurements. Definitions of reflection and absorption
factors and coefficients are given, in addition to the relationship between them.
Acoustic impedance is also defined and related to the reflection factor, which may be
deduced from pressure measurements. Finally, a discussion illustrates the different
characteristics which govern the transmission of sound through a wall or panel.
Chapter 3 begins by summarizing the difficulties with in situ measurements and
introducing the measurement system. All five measurement methods are discussed
and implemented in Chapter 3: the reflection method introduced by Garai [24], the
subtraction technique introduced by Mommertz [27], impulse response shortening
and gating as discussed by Fincham [10], Vanderkooy and Lipshitz [42], the in
situ application of the reverberation chamber, and the surface pressure method as
discussed by [14].
Poor frequency resolution will be demonstrated for the reflection method and
the subtraction technique. The impulse response shortening and gating method will
implement frequency response filtering in order to attempt to recover low-frequency
information. A portable reverberation chamber, consisting of a wooden box with
slanted sides and a loudspeaker and microphone holder will be used to measure
floors, pavement and fibreglass panels. This chamber will be compared with the
recommendations of the ASTM international standard for the reverberation room
method of measuring acoustic absorption coefficients [16].
The last section of Chapter 3 introduces the preferred method for in situ absorp-
tion measurements, the “Surface Pressure Method” [14]. This is initially carried
out using a small metal sheet on the surface under study in order to create a rigid
boundary. This sheet is of relatively small dimension. In addition, the absorption
coefficient of the surface under study was calculated without any consideration of
room reflections, sound scattered by the loudspeaker or diffraction from the edges
of the sheet.
Chapter 4 develops this idea further and clarifies the approximations made
in order to implement this approach in a regular room. A support system was
constructed in order to hold a 1.2 by 1.2 metre sheet up to a surface under study.
Different mounting conditions may be used with this setup, including variable sheet
height and variable contact between the sheet and the surface under study. This has
been tested on rigid surfaces, a resonant surface and an absorptive surface. Chapter
5 concludes the thesis, discusses measurements in rooms, absorption coefficients,






2.1.1 Reflection and Absorption
The principle behind acoustic reflection and absorption is shown in Figure 2.1.
Sound waves that are incident on a surface are either reflected or absorbed. The
term absorption here refers to the amount of sound leaving the room. In general,
the term transmission is used for the pressure wave on the other side of the wall
and absorption refers to the pressure wave that is “absorbed” in the material.
Our measurements of surfaces in rooms will only consider the amount of pressure
returning from the surface (reflected), therefore, whether the sound is transmitted
or absorbed is not important to us. We will consider absorption and transmission
phenomena to be the same for measurement purposes. The following theory will
employ both the terms absorption and transmission in order to maintain consistency
with other literature. In general, the amount of absorption is dependent on the
frequency (or wavelength) and the angle of incidence of the incident sound wave.
This phenomenon also depends on the media which we are considering. A wall
or sample surface is a change in medium for the sound wave. It is the difference
in acoustic impedance of this medium which results in reflection and absorption.
We will typically consider sound propagation in air which interfaces with a surface
under study. Several layers of media may be found behind this surface, each of
which will affect the sound absorption and reflection.
Reflection and absorption of pressure from a surface is generally described by
factors or coefficients. These represent the fraction of pressure or intensity that
is reflected or absorbed by a surface under study. For simplicity, we will consider
plane waves in order to define the factors and coefficients. The phase of the reflected
and absorbed waves are generally not identical to the incident wave phase. This
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Figure 2.1: Reflection and absorption of sound incident on a wall. The incident
portion of the acoustic pressure wave is in black, the reflection of this wave by the
surface is shown in blue and the absorbed sound wave is symbolized by the red
arrows.
phase change is included in the pressure factors, which we will now define. The
reflection factor is the ratio of reflected pressure to the incident pressure at the







where r is the reflection factor, pi is the incident pressure, pr is the reflected pressure,
q is a distance variable and qs is the distance from the origin to the surface under
study (see Figure 2.1), signifying that the pressure waves are evaluated at the
surface in (2.1). The reflection factor will describe the reflection of the incident
sound wave from the surface in magnitude and in phase.
The intensity reflection coefficient is similarly the ratio of reflected sound inten-






∣∣∣∣2 = |r|2. (2.2)
For plane waves at normal incidence, I = |p|2/ρoc [12], where ρo is the density and
c the sound speed in air (ρ with a subscript refers to the mass density of a medium,
ρ without a subscript will always refer to the reflection coefficient). Note that p
is generally a complex quantity, described by a magnitude and a phase. We may
then write |p|2 = pp∗, where p∗ is the complex conjugate of p. In the same fashion,
the absorption factor is defined as the ratio of absorbed pressure to the incident








and for the absorption coefficient
α =
∣∣∣∣pa(qs)pi(qs)
∣∣∣∣2 = |a|2. (2.4)
We must have conservation of energy at the boundary surface, or the conserva-
tion of power, requiring that
Pi = Pr + Pa (2.5)
where Pi is the incident sound power, Pr the reflected sound power and Pa the
absorbed sound power. Therefore, the same should be true for the sound intensities,
which signify the flow of energy through a given area. In other words, we would
look at how much power is going through (or being reflected from) a given area of
the surface. This gives
Ii = Ir + Ia (2.6)
where Ii = |pi|2/ρoc is the incident sound intensity, Ir = |pr|2/ρoc is the reflected
sound intensity and Ia = |pa|2/ρoc is the absorbed sound intensity. Using this in
(2.6),
|pi|2 = |pr|2 + |pa|2. (2.7)
If we divide (2.7) by |pi|2, and use the definitions of the reflection and absorption
coefficients (2.2), (2.4), we get the following relationship
α + ρ = 1. (2.8)
Substituting (2.2) into (2.8), we obtain
α = 1− ρ = 1− |r|2 (2.9)
for the absorption coefficient. This equation indicates that knowledge of the reflec-
tion factor is sufficient to determine the absorption coefficient of a surface. We can
not determine the reflection factor from the absorption coefficient since the latter
has no phase information.
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2.1.2 Impedance
Acoustic impedance is analogous to electrical and mechanical impedance in their





where p is the acoustic pressure (the pressure fluctuations above and below atmo-
spheric pressure) and v is the particle velocity. This relationship is important in
acoustical simulations and active noise control systems. Since the pressure in a
plane wave is ρmcv [5], the specific acoustic impedance becomes
Zc = ρmc (2.11)
where Zc is the characteristic acoustic impedance of the medium, ρm is the density
[kg/m3] of the medium and c is the speed of sound in the medium. If the medium is
air at approximately 20 and atmospheric pressure, the ambient density is about
1.18 kg/m3 (which we will call ρo) while the speed of sound is 344 m/s. This results
in a characteristic impedance of 406 mks rayls (1 mks rayl = 1 Ns/m3) [5].
The acoustic impedance, reflection factor and absorption (or transmission) fac-
tor are all related. A surface may be characterized by its acoustic impedance or its
reflection factor. Having this information, one can go from the reflection factor to
the acoustic impedance or vice versa. The relationship between the reflection and
absorption factors are determined by boundary conditions which require assump-
tions to be made about the surface. This may be difficult in situ, since we may
not necessarily have boundary conditions and construction information about the
surface. However, the relationship given by (2.9) is generally true, since this comes
from the conservation of energy and the definitions of the intensity coefficients. We
will see in the following section that the reflection factor and the specific acoustic
impedance present the same information, however in a different form, for a given
surface.
2.1.3 Relationship Between the Acoustic Impedance and
the Reflection Factor
Consider a plane pressure wave incident on an infinite surface as depicted in Figure
2.2. We will assume that the surface is locally reacting, in this case, the normal
air velocity at a given point only depends on the pressure at that same point.
The acoustic impedance would then be independent of the angle of incidence of
the pressure wave [31]. With this assumption we may determine the relationship
between the acoustic impedance and the reflection factor. A similar treatment is
given in Morse and Ing̊ard [29], where the pressure and the particle velocity are
written as a function of the scalar potential. We begin by writing the incident and
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reflected pressure waves as plane waves, which do not attenuate since there is no
spreading of the sound wave (we are ignoring any attenuation in air as well). A
plane wave is a complex exponential, with an argument that depends on frequency,
time, the wave speed in the medium and the displacement of the wave:
pi = poe
j(ωt−~k·~q) = poe
j(ωt−ky sin θ+kz cos θ) (2.12)
Figure 2.2: Reflection of plane waves by an infinite surface. The angle of incidence
of pi is θ, which is also the angle of reflection of pr.
where po is the pressure amplitude, j the imaginary unit, t the time, ~q = xı̂+y̂+zk̂
is the displacement of the plane wave and ~k = kxı̂ + ky ̂ + kzk̂ is the wave vector.
For the incident wave ~k = k sin θı̂− k cos θk̂, where k = |~k|. The wave vector is in








We represent the angular velocity by ω = 2πf , with f being the frequency of the
wave. The wavelength is given by λ, which satisfies the following equation
c = λf. (2.14)
In the same fashion, the reflected wave has a modified amplitude compared to the
incident wave, given by the product of the reflection factor and the incident pressure
amplitude: rpo (from (2.1), pr = rpi). The argument of the reflected pressure has
also changed, due to the direction of propagation of the wave (~k · ~q), resulting in
pr = rpoe
j(ωt−ky sin θ−kz cos θ). (2.15)
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The particle velocity and the pressure of a sound wave are related by the Newtonian
equation of motion. This may be used to determine the particle velocity from the





Substitution of the incident pressure, (2.12) into (2.16) and solving for the z-




ej(ωt−ky sin θ+kz cos θ) (2.17)




ej(ωt−ky sin θ−kz cos θ). (2.18)
We would like to take the ratio of the pressure to the particle velocity into the
surface, which would give us the specific acoustic impedance of the boundary. The
acoustic pressure at the surface is given by the sum of (2.12) and (2.15),
ps = (pi + pr)z=0 = (1 + r)poe
j(ωt−ky sin θ). (2.19)
The z-component of the particle velocity is the normal component needed at the
surface, this is given by the sum of (2.17) and (2.18),
vs = (viz + vrz)z=0 = (r − 1)
po cos θ
ρoc
ej(ωt−ky sin θ). (2.20)
Finally, the specific acoustic impedance of the surface is given by the ratio of ps to









Zs cos θ − ρoc
Zs cos θ + ρoc
=
Zs cos θ − Zc
Zs cos θ + Zc
(2.22)






This is a very important result. We see that the reflection factor or the impedance
characterizes the surface. If we determine the reflection factor, we may determine
the specific acoustic impedance and vice versa. This is the basis for many measure-
ment techniques in use today. Some methods determine the impedance, and thus
the reflection factor and absorption coefficient by use of (2.22) and (2.9). Others
determine the reflection factor and therefrom, the absorption coefficient and specific
acoustic impedance.
We may deduce a bit of intuition from (2.23). If the wall is rigid, meaning that
the surface velocity tends to zero, the impedance tends to infinity. In the limiting
case where Zs → ∞ we obtain r⊥ = 1. On the other hand, if the specific acoustic
impedance of the surface is equal to ρoc, r⊥ = 0 and the absorption coefficient
becomes unity in (2.9). This demonstrates the principle of impedance matching
in order to maximize the transmission of a signal. In the following we will use r
and not r⊥ as the reflection factor. Normal incidence should be assumed unless we
explicitly indicate non-normal incidence.
2.2 Reflection and Transmission of Sound for Sheets
and Plates
2.2.1 Case of a Thin Sheet
We will now discuss the reflection and transmission of acoustic waves for a thin
sheet. Instead of speaking of absorption, we will use the term transmission, since
the wave travels through the sheet and continues to propagate on the opposite
side. The relationship between the reflection factor and the transmission factor1
depends on the boundary conditions at the surface. For now, we will consider only
the reflection and transmission of sound at a thin sheet, neglecting any absorption
or losses in the material. This means that we may effectively treat the transmission
factor as the absorption factor. In this case, the “absorbed” pressure is transmitted
to the medium on the other side of the sheet.
We begin by assuming plane wave propagation at normal incidence to a sheet
that is infinite in extent in the xy plane, as in Figure 2.3. There are two boundary
conditions at the sheet that must be satisfied. The first, is the continuity of velocity
normal to the sheet
(~vi + ~vr)z=0 = ~vt̃|z=0 (2.24)
where ~vi, ~vr, ~vt̃ are the incident, reflected and transmitted particle velocities. The
second, is that the acceleration of the sheet is caused by the difference in pressure
at its two sides,
1The transmission factor’s definition is analogous to that for reflection or absorption: t̃ = pt̃/pi
where pt̃ is the transmitted pressure.
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Figure 2.3: Reflection of plane sound waves at normal incidence. The incident and
reflected waves are respectively shown in blue and red.




where p is pressure, σ is the mass per unit area of the sheet and d2z/dt2 is the
second derivative of the z-component of the displacement with respect to time









Likewise, the velocities may be expressed in terms of the pressures, noting that the
ratio of pressure to velocity for a plane wave is the characteristic impedance of the














We may now write the boundary conditions using (2.26)-(2.31), for the particle














r + t̃ = 1. (2.33)












At this point we use d2z/dt2 = jωdz/dt = jωvt, since we have an e
jωt time depen-
dence. This results in


















Both of these results represent first order filters. The reflection factor is de-
scribed by a high-pass filter and the transmission factor is described by a low-pass












where ρm and h are the density and the thickness of the sheet, and its mass per
unit area is σ = ρmh. Let us now calculate the corner frequency for a thin sheet of
steel, which will be of use in Chapter 4. The volume density of steel is ρm ' 7.8 ·103
16
kg/m3. If the sheet were 1/16th of an inch, or 1.59 · 10−3 m thick, then the corner
frequency would be about 10 Hz. The reflection and transmission factors for a
1/16th of an inch steel and aluminium sheet are shown in Figure 2.4. This indicates



























Figure 2.4: Reflection and transmission factors for a 1/16 inch sheet. We see that
the aluminium sheet has a higher corner frequency and therefore more transmission
of sound at low frequencies.
It is also useful to show this data in terms of decibels (dB) by taking 20 log10(g),
where g is the magnitude of the reflection or transmission factor. This will indicate
how many dB lower the reflected and transmitted signals are relative to the incident
sound wave. This is shown in Figure 2.5, and indicates that the transmission is
20 dB down relative to the incident signal at about 100 Hz and continues to drop
at approximately 6 dB per octave. The aluminium sheet transmission data is only
about 11 dB down relative to the incident signal at 100 Hz.
These results apply when the motion of a sheet or a plate is dominated by its
mass. Bending stiffness effects will now be taken into consideration. The theory in
the present section, as well as the following section 2.3, is presented to identify the
causes of reflection and transmission (which we will call absorption if the plate/sheet
is a wall in a room) phenomena through plates and walls. This will not necessarily
be used in later chapters in order to compare with measurements quantitatively,
but will, however, build comprehension to how a wall reacts to a wave of a given
frequency. Recall that it is our goal to determine the absorption characteristics of
a surface in situ by use of experimental methods.





























Figure 2.5: Reflection and transmission coefficients in dB for a 1/16 inch sheet. We
may note that the transmitted intensity is 20 dB down for steel and 11 dB down
for aluminium relative to the incident intensity at about 100 Hz.
2.3 Reflection and Transmission Through Walls
One of the applications of in situ measurements is in determining the acoustic
impedance of a particular wall in a room. There are many methods used to achieve
this, however here we will discuss the theory for plane sound waves having normal
incidence on a wall. Walls come in many different forms, such as concrete, brick or
drywall for example. There may also be airspaces, studs or insulation behind the
wall. In general, a combination of materials is used. Due to the configuration and
properties of such a wall, different transmission effects are observed. This depends
whether the wall motion is dominated by its stiffness, mass, the wave coincidence
effect or damping [4] (see Figure 2.6). Note that the loss increases in the positive
direction of the vertical axis.
We are particularly interested in the behaviour of a solid wall (one material)
when it is stiffness controlled or mass controlled. Effects due to coincidence and
damping are generally above the frequency range of interest (4 kHz). Each phe-
nomenon has dominance in different frequency regions. The following sections will
present the results for a stiffness controlled wall and a mass controlled wall, which
are developed in [4]. In addition, we will discuss the resonance caused by an airspace
between two panels [32].
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Figure 2.6: Transmission regions, as per [4].
2.3.1 Stiffness Controlled Region
In the stiffness controlled region, the stiffness of the sheet, panel or wall is the
dominant factor in the transmission of sound. The full development for this case
will not be carried out, only the results from [4] will be shown here. We proceed in
a fashion similar to the approach in Section 2.2.1; however in this case the motion
of the wall is dominated by the influence of restoring forces which are similar to
that of a spring:





This may be compared with (2.25). The factor Cs is the mechanical compliance
of the panel. If we restrict our analysis to rectangular panels, the mechanical








where B is the bending modulus (see A.1), lx the length and ly the width of the
panel. The transmission factor for this system is given by combining the particle
velocity and pressure equations at the boundary, as in (2.32) and (2.34). We then







where the subscript s denotes stiffness for the importance of stiffness in this region.
This behaviour is dominant up to the first resonance of the panel, corresponding






















































Transmission Coefficients in dB for a Sheet
Steel
Aluminium
Figure 2.7: Transmission coefficients in dB for a 1.6 mm sheet in the stiffness region.
We see that the only differences between a steel and an aluminium sheet are below
30 Hz. If the sheet were controlled solely by its stiffness perfect transmission would
occur above 30 Hz. Note that we are neglecting the effects of mass.
There exist many more resonance frequencies (see A.9), however, the first resonance
is most important for the low frequency behaviour of the panel [4] (high-frequency
resonances fall into the coincidence region). The first resonance is at 5.3-5.4 Hz
for both an aluminium or a steel sheet that is 1.6 mm thick with lx = ly = 1.2 m
(see A.1). The logarithm of the transmission coefficient is shown for an aluminium
and a steel sheet in Figure 2.7. If we neglect the sheet mass, all of the incident
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sound intensity would be transmitted above 30 Hz for both of these sheets. The
sheet mass becomes important above the first resonance [4] (5.3-5.4 Hz), which will
reduce the transmission of sound as the frequency is increased. This is shown in
Figure 2.5 and the rising (increased loss) central portion of Figure 2.6. In addition,
we are interested in the transmission of sound above 50 Hz, which falls in the mass
controlled region.
2.3.2 Mass Controlled Region
The mass controlled region was described in Section 2.2 where we neglect the bend-















For our 1/16th of an inch steel sheet, fc ' 7.7 kHz. A wooden panel of the same
thickness made out of pine, ρm = 640 kg/m
3, has a critical frequency of about 7.9
kHz. These are both above our frequency range of interest (4 kHz).
2.3.3 Transmission Through a Wall With an Airspace
It is also important to consider a composite wall formed of two panels with an
airspace in between them. This is a very common design in homes and buildings,
sometimes with insulation filling the space. We will consider the effect without
any insulation. We then have a situation as depicted in Figure 2.8. This is a















where the subscript mam, signifies “mass-air-mass”, since the compression and
expansion of air in the cavity acts as a spring. This configuration can be seen as
two springs connected in series, each holding a different mass.
We will now present an example which will be of use later in this study: A wall
consists of a 3 mm wooden panel backed by an 9 cm airspace and a 10 cm rigid
concrete or brick wall. We will use approximate values of the mass per unit area
of each surface, Mwood = 1.8 and Mbrick = 180 kg/m
3. With a depth of d = 9 cm,
this gives a resonance frequency of 150 Hz.
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Figure 2.8: Mass air mass resonance. Each wall plays the role of a mass, separated
by an airspace which acts as a spring for this system. The incident sound wave
would come in on the left, incident on a panel. The sound then vibrates the panel,
air and back wall forming a resonance.
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Chapter 3
In Situ Measurement Methods
3.1 The Challenge of In Situ Measurements
The environment in which measurements are performed is of key importance in
acoustics. There are many interactions happening around an experiment that will
contribute noise or unwanted reflections to the sound field. In buildings we have
heating and air conditioning units, coworkers, water pipes and various machines.
Some of these may be controlled, however some others have to be tolerated. Also,
objects in a room will modify the passing of sound by creating reflections, absorp-
tion, scattering or diffraction. On the other hand, one may go outside to perform a
measurement. In this case, there may be sound contributions from vehicle traffic,
wind interacting with structures and of course, people. In the following we will
assume that measurements are carried out in a room.
Rooms come in various sizes and are constructed using different materials.
Floors are generally rigid and reflect much of the incident sound besides perhaps
at lower frequencies. Walls can be solid, hollow or partitioned, and may be con-
structed using a combination of materials. Some have airspaces, wood or metal
studs and perhaps insulation. Our goal is to determine the acoustic absorption
characteristics of such a surface independent of its structure1.
When performing measurements, multiple reflections arrive at the microphone
position. Some of these are required for a measurement (such as the incident and
reflected sound waves from the surface under study), however others, from the floor
and other walls are unwanted and create error in the recorded data.
In addition, multiple sources of noise exist in a typical room, some of which
are periodic. These range from heating units, air conditioning units, fans and
sound from external environments. In some situations these disturbances may be
controlled, however this is not always the case. A high signal-to-noise ratio is
therefore required, such that the incident and reflected signals from the surface
1The surface under study is generally required to be flat for our measurements. This is an
assumption that is used throughout the thesis.
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under study have a greater level than the reflections from neighbouring surfaces in
the room. Windowing of the impulse response is used if this cannot be achieved.
It is also important to mention that ambient noise may always be apparent, and
therefore, contribute to the acoustic pressure recorded at a microphone position.
Problems exist at low frequencies in rooms. In this case, the wavelength of the
acoustic waves is comparable to the dimensions of the room, allowing the formation
of standing waves as the sound reflects back and forth between the room surfaces.
This will create an uneven distribution of acoustic pressure in the room, which
will depend on the measurement location. All of the above problems have to be
considered when taking a measurement in such an environment. Discussion of the
challenges with in situ measurements will continue throughout this study.
3.2 Measurement Configuration
The measurement configuration typically used in this study is shown in Figure 3.1.
An excitation signal is created by a computer program, converted into analog form,
amplified and sent to a loudspeaker. The excitation signal is called a maximum
length sequence (MLS), which is broad-band and pseudo-random. The properties of
MLS systems are well known and have been shown to result in high noise immunity.
More information on MLS is given in [33]. A cross-correlation is performed between
the input signal to the loudspeaker and the recorded response at the microphone
position. The result of this is the impulse response of the system2(loudspeaker,
microphone and room). An impulse response represents the response of a linear,
time invariant system to a Dirac delta function excitation (see Figure 3.2). In other
words this is the output of a system when the input is of infinitesimal duration and
infinite amplitude. In the frequency domain, the Dirac delta function has a flat
spectrum, which is unity amplitude at all frequencies. Understanding the response
of a system to a Dirac delta input will therefore allow one to understand the response
of a system for any input, or at any frequency. This is why we use the impulse
response as a measurement tool. We may then take its Fourier transform to go
to the frequency domain in order to obtain the frequency response of the system.





where H(ω) is the frequency response of a system and h(t) its impulse response. For
more details on linear time invariant systems and Dirac delta functions, see [45].
There are some considerations when discrete time sampling is used, but usually
the sampling rate is chosen high enough that the system closely approximates a
continuous time system.
2The periodic impulse response is actually obtained, which is equal to the impulse response
if the period of the MLS is longer than or equal to the duration impulse response of the system
being measured.
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Figure 3.1: Signal chain of measurement system.
Figure 3.2: Relationship between the impulse response and the Dirac delta. This
holds for a linear time invariant system.
Pressure data is collected from a microphone in this configuration. The impulse
response therefore represents the response of a system to pressure signals. We
will often present the impulse and frequency responses at a given measurement
position. The frequency response is used to calculate the reflection factor, and thus
the absorption coefficient or acoustic impedance. This is because the frequency
response is simply the acoustic pressure amplitude as a function of frequency at
the measurement position. In addition the phase of the frequency components in
the measured signal may be determined. The relationship between the amplitude
(magnitude of the frequency response) and the phase of pressure waves is used
to determine the effect of a surface in a particular environment. The following
sections present the measurement approaches used in practice to determine acoustic
reflection and absorption properties of surfaces in situ.
3.3 Reflection Method
3.3.1 Theory
The reflection method exploits the difference in position of the source, microphone
and the surface under study in order to separate the incident and reflected impulse
responses in the time domain. The time it takes a sound wave to travel a distance





where t is the time between the creation of the sound wave and the arrival at the
position q. The speed of sound is c. A common loudspeaker-microphone-sample
configuration is found in Figure 3.3. In the given setup, the incident wave would
travel a distance qo, while the reflected wave would travel a distance 3qo. We
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Figure 3.3: Experimental setup of absorption coefficient measurement. Geometri-
cally, the reflected wave path is three times the incident wave path.
may therefore determine the arrival time of the incident and reflected signals using
(3.2). The incident and reflected pressure waves would respectively arrive at qo/c
and 3qo/c. However here, we assume that the centre of radiation of the loudspeaker
is at the loudspeaker itself. This is what is assumed in the papers by Garai [24] as
well as Li and Hodgson [21], which is not necessarily the case. We will nevertheless
proceed with this assumption for the moment (we will then use the concept of the
acoustic centre).
We begin by identifying a form for the pressure waves, p. This of course depends
on the acoustical source that we are using in our measurements. However, in general
we use the compact source approximation, which is valid when the source is much















where b is the source radius. The derivative of the volume velocity U is with respect
to its argument, the retarded time (t− r/c). In this case, this is an approximation
stating that the source loudspeaker is producing spherical waves, depending on the
acceleration of its diaphragm. Each frequency component of the acoustic pressure






where pω represents one frequency component of the total pressure. Since the
pressure amplitude generally varies with frequency we denote it as Bω. The factor
qref is included to adjust units, and allows Bω to represent the pressure amplitude
at a distance qref . Each frequency component of a pressure signal should satisfy
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This is a Fourier series representation of the pressure wave. We may look at a single
pressure component, pω without loss of generality, knowing that the following will
apply to each frequency component and therefore the entire pressure, p. The time




















Here qi and qr represent the different propagation distances travelled by the respec-
tive sound waves. The pressure amplitudes are not necessarily the same. In the
special case where piω = prω at the surface, the boundary is said to be rigid, having
a reflection coefficient of unity.
The ratio of the reflected pressure to the incident pressure at the surface gives










which is the ratio of wave amplitudes (remember the units of Bω are N/m
2). Sup-
pose we now were to measure the pressure at a distance qo from a surface as in
Figure 3.3. The incident and reflected pressure waves no longer have the same
propagation distance, qs = 2qo. The incident wave will travel a distance qo and the


















Therefore a measurement of the incident and reflected pressure waves at the mi-
crophone position, qo will allow us to determine the reflection factor. Introducing
this result into (2.9), the absorption coefficient becomes
αω = 1− |rω|2 = 1− 9
∣∣∣∣prω(3qo)piω(qo)
∣∣∣∣2 . (3.13)
Once again, the subscript ω indicates that we have only to evaluate (3.13) at the
frequency of interest to obtain the acoustic absorption coefficient at the same fre-
quency. This notation is cumbersome, and the index ω will often be omitted.
Acoustic Centre
If we are to use the compact source approximation, we must prescribe the proper 1/q
factors describing the spherical spreading of the acoustic pressure waves. We will
call the origin of these spherical waves δ, the acoustic centre. At low frequencies,
it has been shown that the acoustic centre of a piston in a sealed enclosure is
approximately a cabinet half-width away from the baffle [39].
The acoustic centre may be found from a series of pressure measurements at
multiple distances from a loudspeaker. Since the pressure should vary as 1/q in the
far field, a plot of the magnitude of 1/p versus q should be linear. Referring to the






, q > 0. (3.14)
Now if we consider that the acoustic centre is at a point away from the origin (taken







, q − δ > 0. (3.15)
This equation has a q-intercept at q = δ, the acoustic centre. We may thus plot
(3.15) as a function of q in order to obtain the acoustic centre of the loudspeaker.
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The factor δ is required as a correction to the propagation distance at low frequen-
cies. At high frequencies, the acoustic centre has approximately the same position
as the baffle of the loudspeaker.
We must now determine the reflection factor using the appropriate 1/q factors.
The incident and reflected pressures are























)2 ∣∣∣∣pr(3qo − δ)pi(qo − δ)
∣∣∣∣2 (3.19)
where we have omitted the subscript ω. It may be seen that (3.18) becomes (3.12)
and (3.19) becomes (3.13) when δ = 0, as it should be.
Loudspeakers
A KEF loudspeaker was used as a source in the first experiment. This loudspeaker
is composed of two drivers in a closed box enclosure (Figure 3.4). A significant
amount of diffraction is assumed for this speaker, due to the edges of its rectangular
enclosure [38]. The pressure received at the microphone position is thus the sum of
the direct and diffracted pressures.
The loudspeaker enclosure has the dimensions of 21 cm by 25 cm by 34 cm
(width, depth, height), with a 3 cm tweeter and a 13 cm woofer (diameters). The
enclosure in which these units are mounted affects the acoustic centre. The acoustic
centre of this loudspeaker should be about a cabinet half-width away from the
loudspeaker baffle [40].
In addition, a loudspeaker was constructed using a plastic pipe 1.3 m in length,
with outer diameter of 4.5 cm and inner diameter of 4 cm. The pipe has a 3 cm
diameter driver in one end and a plug in the other (Figure 3.5). In addition, this
pipe is filled with a fibrous filler material. This loudspeaker will act as a compact
source up to higher frequencies than the KEF. In terms of diffraction, it is useful
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Figure 3.4: KEF two-way loudspeaker. Grill was removed to show the tweeter (3
cm diameter) and woofer (13 cm diameter) units.
to note that this enclosure is fairly smooth and does not have long edges like those
from a rectangular box. This loudspeaker should create less diffraction at the
microphone position than the KEF loudspeaker. In the following, this loudspeaker
will be referred to as the tube loudspeaker.
Figure 3.5: Small driver loudspeaker. a) 3 cm diameter loudspeaker driver. b) End
of tube showing plug and connectors. c) 1.3 m tube loudspeaker.
3.3.2 Experiments
Measurements were performed in a rectangular room with various surfaces (Figure
3.6). The first experiment was performed using a wood panelled wall as a sample
with the KEF loudspeaker. In the second, the same wall was measured using the
tube loudspeaker. This room is shown in Figure 3.7.
The wall is assumed to be rigid at high frequencies, however absorption is ex-
pected at the mass-air-mass resonance of this wall. This resonance frequency was
predicted to be approximately 150 Hz in section 2.3.3. The actual wall parame-
ters are not known which is often the case when performing in situ measurements.
Approximate values for the mass per unit area of the panels and the airspace were
used to obtain the resonance frequency.
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Figure 3.6: Rectangular room of dimensions lx = 5.5, ly = 7.5 and lz = 2.8 metres.
Measurements were performed on the wood panelled wall shown in Figure 3.7.
Figure 3.7: Physics lounge showing wood panelled wall on the left.
Choice of qo
The choice of qo depends on the geometry and the layout of objects in the measure-
ment environment. Rooms are typically compromised of six plane surfaces that
partially absorb and reflect sound. It is therefore important to identify the un-
wanted reflections from these surfaces before a measurement is performed. This
is done by measuring the distance between the loudspeaker, room surface and the
microphone. For the floor reflection in the given configuration, this is ql + ql = 2ql,
as shown in Figure 3.8. Using the geometry shown, we find that
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Figure 3.8: Reflections from other surfaces in a room. Here we assume that the






Twice this distance divided by the speed of sound will then yield the time it will











We also have to consider the time it takes for the incident and reflected sound










Note also that the loudspeaker itself may reflect sound. The time it would take for





The impulse response will show these reflections, allowing for the separation of
signals in the time domain. However, in principle we cannot fully separate the
impulse response of the incident and reflected components since the low frequency
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tails of these are still oscillating when other reflections arrive. We therefore get an
overlap of signals.
Ultimately, the closest reflection will dictate the time window used in gating
the incident and reflected signals. A time window is used to separate a portion of
the incident and reflected components from each other. As the name indicates, a
window will only allow a particular portion of the signal to pass unobstructed. The
portion of the signal which lies outside the time window is attenuated, reducing
the amplitude of the signal in this time region. This also is used to remove the
parasitic reflections from other surfaces. It is important to position the loudspeaker,
microphone and sample as far as possible from the surfaces which are not being
measured. This is often difficult, especially in small rooms.
We may now consider the relationship between the window length and the fre-
quency resolution obtained. The time window length ∆t is related to the frequency




As we stated before, the time window length depends on the proximity of room sur-
faces that contribute unwanted reflections of sound at the microphone position. We
see that a frequency resolution on the order of ten hertz requires a time window of
one tenth of a second, corresponding to a nearest surface of about seventeen metres
away. This is half the distance that the reflected sound wave travels. On the other
hand, a frequency resolution on the order of one hundred hertz is achieved with a
nearest surface of almost two metres. It is therefore clear that the frequency reso-
lution of a measurement is limited by the geometry of the experimental setup. The
first unwanted reflection arriving at the microphone will dictate the time window
length used (in order to prevent or minimize the overlap of signals). The length of
the time window will be the smallest of:
1. The difference between the arrival time of the reflected wave and the arrival
time of the incident wave: ∆tri = tref − tinc.
2. The difference between the arrival time of the floor reflection and the arrival
time of the reflected wave: ∆tfr = tfloor − tref .
3. The difference between the arrival time of the speaker reflection and the arrival
time of the reflected wave: ∆tsr = tspk − tref .
In other words, we would not like any reflections, from the surface under study
or other surfaces, to overlap the incident sound wave or the reflected sound wave.
Note that for the given configuration ∆tri = ∆tsr = tspk−tref (see (3.22) to (3.24)).
The previous conditions can be written mathematically as
∆t = min{tref − tinc, tfloor − tref , tspk − tref} (3.26)
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where min is simply the lowest value of the evaluated arguments. This ensures that
we exclude the unwanted reflections from the measurement, and, that the window
length is constant for both the gated incident and reflected waves. In practice, the
window length is chosen to be slightly smaller than the value of ∆t to ensure the
prevention of overlapping signals. It is important to mention that the smaller the
time window, ∆t, the larger the frequency spacing ∆f in the frequency domain. A
reflection from an unwanted surface may be excluded by employing a time window,
however a portion of the signal of interest is lost as well. This results in the loss of
low frequency data.
3.3.3 Results
Using the KEF Loudspeaker on a Wood Panelled Wall
A loudspeaker-wall distance (2qo) of about 100 cm was used, making qo = 50 cm.
The loudspeaker height, qh was approximately 160 cm. Using (3.21) to (3.24), this
gives: tinc = 1.46 ms, tref = 4.37 ms, tfloor = 9.44 ms and tspk = 7.29 ms. We
then obtain ∆tri = ∆tsr = 2.91 ms and ∆tfr = 5.07 ms. The upper bound of the
time window length is ∆t = ∆tri = 2.91 ms, which prevents an overlap between the
incident and reflected sound waves. As we stated before, we will use a value slightly
smaller than this, in this case ∆t = 2.8 ms. Substitution of this value in (3.25)
gives a frequency resolution of 357 Hz. This means that all data will be a smoothed
representation of the actual data. This causes problems at low frequencies due to
the small frequency spacing.
The impulse response of this configuration is shown in Figure 3.9. The first
pulse represents the incident pressure wave on the wall. The second pulse is the
reflection of the incident wave from the wood panelled wall. The third pulse is the
reflection of sound from the loudspeaker itself. It is important to stress however
that the impulse response of the incident acoustic wave is still oscillating well into
the arrival of the reflected wave. High-frequency components of this signal have
decayed significantly; however the low-frequency response of the loudspeaker has
not. There is therefore an overlap of signals. In this case we can no longer discern
what is the incident wave and what is the reflected wave. The only way to remedy
this problem is to increase the distance between the loudspeaker, microphone and
the surface under study. However this strategy has a limiting case, if qo  2qh in
(3.21), we see that tfloor → qo/c. This is the same amount of time it takes for the
incident acoustic wave to arrive at the microphone, which would indicate that both






















Impulse Response of Loudspeaker-Microphone-Wall Configuration
Figure 3.9: Impulse response of loudspeaker-microphone-wood panelled wall con-
figuration. The incident signal begins at 1.5 ms, the wall reflection at 4.4 ms and
the reflection off of the loudspeaker itself at 7.3 ms. There is an overlapping of the

























Figure 3.10: Impulse response of loudspeaker-microphone-wood panelled wall con-



























Figure 3.11: Impulse response of loudspeaker-microphone-wood panelled wall con-


























Figure 3.12: Impulse response of loudspeaker-microphone-wood panelled wall con-
figuration, shown with tapered windows on incident and reflected pressure compo-
nents.
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We have already established that there is overlap of signals in this method. It
is still possible to separate the incident and reflected waves in order to calculate
the reflection (or absorption) characteristics at high frequencies. Different windows
may be used to separate the acoustic wave components. The impulse response is
shown with three choices of windows: a rectangular window, a half-Hann window
and a hybrid of the two which we will call the tapered window (a rectangular
window with half-Hann portions on either side). These windows are shown with
the original impulse response in Figures 3.10 to 3.12. Note that the windows are
shown with expanded vertical scales in every figure in this document. This shows


























Figure 3.13: Incident pressure wave obtained from the windowing of the impulse
response.
Figure 3.13 shows the incident wave with each applied window. Likewise, Figure
3.15 shows the reflected wave with each window applied. Figures 3.14 and 3.16 show
a magnified version of the impulse responses for the incident and reflected waves.
We see that the rectangular and tapered window data follow very well. However the
half-Hann windowed data steers away from the other responses as time progresses.
This is due to the fact that this window increasingly attenuates the data with time.
The half-Hann window also starts abruptly with a zero-to-one transition. The data
to the left of this window are set to zero. After these windows are applied, a Fast
Fourier Transform (FFT) is taken of each incident and reflected pressure wave,
which is then smoothed 1/3 of an octave. This is shown in Figure 3.17 for the



























Figure 3.14: Incident sound pressure obtained from the windowing of the impulse
response. This is magnified to show the separation of the half-Hann windowed data






















































Figure 3.16: Reflected sound pressure obtained from the windowing of the impulse
response. This is magnified to show the separation of the half-Hann windowed data




















Figure 3.17: 1/3-Octave smoothed sound pressure levels of incident wave for differ-
ent windows. Notice that the rectangular and tapered windowed data follow closely.
In this instance, the half-Hann windowed data features a drop in level towards the
























Figure 3.18: 1/3-Octave smoothed sound pressure levels of reflected wave for dif-
ferent windows. Notice that the rectangular and tapered windowed data follow
closely. The half-Hann windowed data features a rise in level towards the low





















Figure 3.19: 1/3-Octave smoothed sound pressure levels of reflected and incident
waves using a tapered window. The reflected pressure amplitude is multiplied by
three in order to account for the spherical spreading of the waves. We notice that
the reflected pressure is sometimes greater than the incident pressure.
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Again we see that the tapered and rectangular windowed data are almost identi-
cal over the whole frequency range, while the half-Hann windowed data drops below
or rises above the former results. For the incident wave, the half-Hann windowed
data drops towards low frequencies since it reduces the long-time behaviour of the
impulse response. The reflected wave features a rise at low frequencies. We should
note that the reflected portion of the impulse response includes the oscillating tail
of the incident wave. We may not trust this data over the whole frequency range.
By using only 2.8 ms of data for each pressure wave, we may only be able to have
confidence in data which is above 357 Hz (perhaps even higher than this value).
Results below 357 Hz are a smoothed representation of the actual sound pressure
levels.
For the moment we will not consider the effect of the acoustic centre on our
calculations. We assume that the reflections from the surface under study are
specular, and that the spherical nature of the sound wave is preserved. In order
to compensate for the spherical spreading of the sound waves, the reflected wave
should be multiplied by a factor of three (it has travelled 3qo whereas the incident
wave has travelled a distance of qo (see (3.10) and (3.11)). This is shown in Figure
3.19. The incident and reflected sound pressure levels follow closely above 500
Hz, however we see that the reflected pressure amplitude often rises higher than
the incident pressure amplitude. This indicates that there is one of two problems
occurring: 1) There is more reflected acoustic pressure from the wall than there is
incident (wall is producing energy) or 2) We are not fully characterizing the incident
sound field. We speculate that the cause is of the latter nature, due to diffraction
effects occurring at the loudspeaker. The effect of the acoustic centre has been
considered, however this would result in an increase in the multiplication factor
(3prω/piω would become 3.22prω/piω for an acoustic centre of 10 cm), and therefore
worsen our situation. In addition, we should only consider using the acoustic centre
at low frequencies (below 200 Hz for example).
The reflection coefficient is calculated using (2.2) and shown smoothed 1/3 of
an octave in Figure 3.20, and smoothed 1 octave in Figure 3.21. The 1-octave
smoothing increasingly suppresses the peaks and dips as expected; however both
sets of data have reflection coefficients exceeding unity. This again is due to the fact
that the reflected pressure amplitude rises above the incident pressure amplitude
at many frequencies. On the other hand, this measurement has indicated that the
wood panelled wall is highly reflective above 500 Hz. A sudden rise of the half-Hann
windowed data is seen at low frequencies. This is somewhat arbitrary, since the
low frequency response will depend on where the impulse response is truncated.
We should note however that the tail of the incident wave is oscillating into the
reflected wave.
In addition, we see that the tapered windowed data results in increased reflection
towards low frequencies. This may be explained by the fact that the beginning
of the window is a half-Hann that includes more of the incident signal (which is




























Figure 3.20: 1/3-Octave smoothed reflection coefficient of wood panelled wall. Val-
ues rising above unity indicate that the reflected pressure is greater than the incident
pressure. The sudden rise of the reflection coefficient at low frequencies compared
to the rectangular window data supports the fact that the overlapping tail of the



























Figure 3.21: 1-Octave smoothed reflection coefficient of wood panelled wall. Values rising
above unity indicate that the reflected pressure is greater than the incident pressure. The
sudden rise of the reflection coefficient at low frequencies compared to the rectangular
window data supports the fact that the overlapping tail of the incident pressure wave is





























Figure 3.22: 1/3-Octave smoothed absorption coefficient of wood panelled wall. Values
below zero indicate that the reflected pressure is greater than the incident pressure. The
drop in absorption at low frequencies for the half-Hann data relative to the rectangular
windowed data supports the fact that the reflected wave has an overlapping incident
pressure contribution.
The absorption coefficient is presented in Figure 3.22. No new information
is given here, this is simply 1 − ρ = 1 − |r|2. Our discussion of the results for
the reflection coefficient apply to the absorption coefficient as well; however we
have to flip our reasoning (if the reflection coefficient is large then the absorption
coefficient is small for example). It is seen that the absorption coefficient drops
below zero at the locations where the reflection coefficient is greater than one. This
indicates that we are not fully characterizing the incident sound wave. We will
continue to present the absorption coefficient as our key result in the remainder of
this study. The tapered window will continue to be applied on the incident and
reflected portions of the measured impulse response.
Using the Tube Loudspeaker on a Wood Panelled Wall
The KEF loudspeaker is a 2-way system having both woofer and tweeter units.
Therefore the resulting sound wave from such a device has two centres of radiation.
Ideally we would have loudspeakers that are able to operate over the entire audible
frequency range. For this reason, we have constructed a low diffraction, compact
loudspeaker with a large throw (large motion of the cone). This was earlier shown
in Figure 3.5. The front of the loudspeaker is 3-4 cm in diameter which indicates
that it will follow the compact source approximation to higher frequencies than an




















Impulse Response of Loudspeaker-Microphone-Wall Configuration
Figure 3.23: Impulse response of loudspeaker-microphone-wood panelled wall con-
figuration using the tube loudspeaker. Low frequency oscillations from ambient
room noise are clearly seen. This indicates that this measurement does not have a























Figure 3.24: Impulse response of loudspeaker-microphone-wood panelled wall con-
figuration with windows using the tube loudspeaker. Low frequency oscillations
from ambient room noise create an offset of the impulse response.
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The wood panelled wall from the previous section was tested using this loud-
speaker. We can see that this measurement suffers from a low signal-to-noise ratio
in Figure 3.23. Large low frequency oscillations are seen which indicate that the
loudspeaker is not radiating enough energy in this region. This will create an offset
and truncation error if a rectangular window is used. We will therefore use the
tapered window. Figure 3.24 displays the overlapping windows on the incident and
reflected pressure components (recall that windows are amplified for display pur-
poses). We see an offset of the impulse response due to the low frequency noise in
the room. This data would benefit from high-pass filtering. Figure 3.25 shows the
incident and reflected sound waves.
In the frequency domain (see Figure 3.26), we notice that the reflected sound
pressure level rises above the incident sound pressure level below 3 kHz. This
should not be due to the low signal level coming from the loudspeaker: this is
a high frequency. In addition, this loudspeaker should contribute less diffraction
at the microphone position. We speculate that diffraction could not account for
a 10 dB difference in level. We do see however that the incident and reflected
components are about equal above 3 kHz. The absorption coefficient is therefore
approximately zero in this frequency range (see Figure 3.27). It is difficult to make
any conclusions below 3 kHz. As we discussed before, it is also apparent that this
loudspeaker should not be used in the current configuration due to poor output
level. Note that high-pass filtering could be used to reduce the low frequency



















Incident and Reflected Impulse Response of Loudspeaker-Microphone-Wall Configuration
Incident
Reflected
Figure 3.25: Incident and reflected components of impulse response for wood pan-
elled wall (Tube). These have a slight offset which has been attenuated partially

















Incident and Reflected Sound Pressure Levels
Incident
3*Reflected
Figure 3.26: 1/3-Octave smoothed incident and reflected sound pressure levels for
wood panelled wall (Tube). The reflected pressure amplitude is multiplied by a
factor of three in order to account for spherical spreading of the acoustic waves.






















Absorption Coefficient of Wood Paneled Wall
Figure 3.27: 1/3-Octave smoothed absorption coefficient of wood panelled wall
using the tube loudspeaker. It is difficult to make any conclusions below 3 kHz. This




The reflection method is simple, fast and intuitive. However, we have also shown
that it has several drawbacks.The fact that this technique depends on the separation
of reflections in the time domain is advantageous and disadvantageous. It allows
the onset of incident and reflected acoustic pressure waves to be seen, however, we
cannot specify where these signals end. That is, each pressure wave picked up at the
microphone is still oscillating into the onset of the next reflection. For the results
given previously, we have stated that this overemphasizes the reflection coefficient
at low frequencies when using a half-Hann window.
The frequency resolution obtained from our measurement setup is coarse, ap-
proximately 350 Hz. This resolution results in the smoothing of data at all frequen-
cies, but this effect is significant at low frequencies. The loudspeaker-microphone
(qo) distance may be increased, however the height of the loudspeaker is generally
fixed. We have shown that the arrival time of the incident pressure wave and the
reflection from the floor become closer in time as qo is increased.
The concept of the acoustic centre was presented in order to stress the difficulty
in prescribing the proper 1/q factors due to spherical spreading. If our source is
truly spherical, where is its centre of radiation? At low frequencies this is typically
half a box width in front of the loudspeaker baffle [41]. For high frequencies this
centre reduces in distance to approximately the baffle of the loudspeaker. The
KEF loudspeaker is a 2-way unit and therefore the distances are even more difficult
to specify, since in general we measure the distance qo from the midpoint of the
two drivers to the microphone. Attempts to measure the acoustic centre were
made for the loudspeakers used in this study; however no results were conclusive.
The measurements were performed in a normal room and therefore have the same
resolution problems mentioned above.
Diffraction effects are not taken into account in this theory, and in general
they are difficult to model. The KEF loudspeaker has a box-like enclosure which
exhibits sharp transitions (edge of the box to air transition for example). This
will contribute diffraction at the microphone position and it would be an added
complication to account for this.
The tube loudspeaker was used since the driver diameter and front of the loud-
speaker are compact, enabling the compact source approximation to be valid up to
higher frequencies than the KEF unit. In addition, its construction is smooth and
of small dimension3. This loudspeaker should have lower diffraction effects than the
KEF loudspeaker. This loudspeaker featured poor signal-to-noise ratio, the worst
being at low frequencies. This has introduced low frequency fluctuations in the
impulse response, causing an offset in the incident and reflected signals.
The problems we are discussing are not necessarily unique to this measurement
method. In general we should be aware of these effects when performing measure-
3The tube or pipe of this loudspeaker is 1.3 metres long, however the diameter of the pipe is
about 4.5 cm.
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ments. The method presented in the next section can improve frequency resolution
slightly. Another loudspeaker will be used, which will have satisfactory output at
low frequencies and less diffraction than a box-like enclosure. In addition, the mea-
surement method will not require any specification of the wave form, or correction
for spherical wave spreading.
3.4 Subtraction Technique
3.4.1 Theory
The subtraction technique [27] is an experimental approach that is used in conjunc-
tion with some aspects of the reflection method described in Section 3.3. This may
be used in the determination of in situ reflection or absorption coefficients. First, a
measurement is taken, pi, with a test loudspeaker positioned as far as possible from
any nearby surface (see Figure 3.28a). This is a pseudo-free field response which
would require truncation at the onset of unwanted reflections. Secondly, keeping
the loudspeaker-microphone distance fixed, a measurement is taken with the micro-
phone positioned very close to (ideally at) the surface under study, pir (see Figure
3.28b). This measurement includes the incident sound wave from the loudspeaker
and the reflected sound wave from the surface.
Figure 3.28: a) Pseudo-free field measurement. b) Surface proximity measurement.
Placing the microphone very close to the test surface increases the amount
of time between the arrival of wanted and unwanted reflections. This allows for
a longer time window when gating the reflected signal, improving the frequency
resolution of the measurement (this was discussed in Section 3.3.2). It is of key
importance to keep the loudspeaker-microphone distance fixed in these two mea-
surements. After performing these measurements, the reflected sound wave from
the test surface is obtained by subtracting the pseudo-free field pressure from the
flush pressure:
pr = pir − pi. (3.27)
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No form (plane or spherical) for the pressures in (3.28) is prescribed. The task of
describing the nature of the source is not required, since the distance from the loud-
speaker to the microphone is fixed in both measurements. This requirement on the
loudspeaker-microphone distance is also the difficulty of this method, in addition to
other conditions affecting the propagation of sound waves in the room. Small vari-
ations in temperature, or the distance between the loudspeaker and microphone,
will result in the misalignment of samples when performing the subtraction [27].
However, this difficulty could perhaps be overcome if the two measurement data
were interpolated and aligned in the time domain. We would expect errors regard-
less of this strategy when there are large variations in the loudspeaker-microphone
distance between measurements. In this case, the spreading of the pressure waves




A spherical enclosure loudspeaker with a driver diameter of 15 cm is used for this
method (Figure 3.29). This method is shown in Figures 3.30 to 3.32. In this case,
a source loudspeaker is positioned 50 centimetres away from a microphone. Figure
3.30 shows the arrival of an incident and overlapped reflected pulse (1.5 ms) and
the reflections from the room surfaces at the microphone position. The reflection
at 4.5 ms is from the loudspeaker itself. The red curve represents a pseudo-free
field impulse response which is the first measurement in the subtraction method
(see Figure 3.28a).
The second measurement is at the surface, using the same loudspeaker-microphone
distance (see Figure 3.28b). This is the flush measurement in Figure 3.30. A ta-
pered window is shown with the impulse response data which truncates the response
before the arrival of a reflection from the loudspeaker itself (4.5 ms). Since both
measurements were carried out using the same loudspeaker-microphone distance,
we may then simply subtract the pseudo free field measurement from the flush
measurement, as in (3.27). This effectively removes the incident pressure response
from the data, leaving the reflected response behind.
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Figure 3.30: Impulse response of pseudo-free field and flush measurement at wood
panelled wall. The incident and reflected sound waves overlap starting at 1.5 ms.


















Incident and Reflected Impulse Responses From Wood Paneled Wall
Incident
Reflected
Figure 3.31: Incident and reflected pressure waves at wood panelled wall. We
notice a slight time delay between the two waves of about 0.1 ms. This could be






















Absorption Coefficient of Wood Paneled Wall
Figure 3.32: Absorption coefficient of wood panelled wall. This wall should absorb
very little sound at high frequencies.
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The incident and reflected sound waves are shown in Figure 3.31. We notice
a slight time delay between the incident and reflected sound waves. This may be
caused by an incomplete subtraction of the incident wave from the flush measure-
ment. In practice this is possible since the loudspeaker and microphone were moved
together up to the surface, allowing for changes in position of the order of a cen-
timetre. The other possibility would be the fact that the microphone is not exactly
at the surface under study. It is a finite distance away, however, this is generally
less than a centimetre. The reflection coefficient is then calculated by taking the
ratio of the reflected response to the incident response (3.28).
The absorption coefficient is calculated using 1 − ρ, which is in Figure 3.32.
Our window has only allowed us a resolution of about 400 Hz, which is not an
improvement over the reflection method. In this case, the reflection or scattering
of sound by the loudspeaker is much closer. In general, the loudspeaker may be
placed further from the surface in order to improve the frequency resolution. We
should only therefore look at the higher frequencies for information about the sur-
face. Actually, the results for this wall look nothing like what we had expected. It
is not clear why there are peaks and dips ranging from zero to half absorption. This
surface should have very little absorption at high frequencies. We speculate that
diffraction, or some form of reverberation may be the cause. Mommertz has re-
ported some difficulty with this method when the loudspeaker-microphone distance
or the temperature has changed between measurements [27].
Office Divider
The subtraction method was also used on an absorptive surface: an office divider.
We would expect that the absorption coefficient would be close to unity for high
frequencies. At low frequencies the absorption decreases due to the thickness of
absorbent necessary to attenuate sound at large wavelengths. Here we have used
a one metre loudspeaker-microphone spacing. The impulse responses of the two
measurements are presented in Figure 3.33. Reflections from the loudspeaker and
the floor arrive from 8.5 to 9.1 ms.
This surface has significant absorption towards the higher frequencies, as dis-
played in Figure 3.34. The window we have chosen results in a frequency resolution
of 200 Hz. This limitation causes a smoothing of data, which will not resolve fluc-
tuations in absorption at low frequencies. Note that the values of the absorption

























Figure 3.33: Impulse response of pseudo-free field and flush measurement at of-
fice divider. The incident and reflected sound waves overlap starting at 2.96 ms.





















Absorption Coefficient of Office Divider
Figure 3.34: Absorption coefficient of office divider. This surface should absorb
most of the incident sound at high frequencies.
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3.4.3 Discussion
The subtraction technique requires a reference measurement (pseudo-free field) in
order to remove the incident sound wave from a measurement at the surface under
study. It is possible that the room reflections differ between the two measurements.
In certain cases, the pseudo-free field response is taken in the middle of the room,
as far away from surfaces as possible. The loudspeaker and microphone may then
be positioned in front of the study surface, always maintaining the loudspeaker-
microphone distance fixed, in order to perform the flush measurement. In this
scenario, reflections from the room surfaces may arrive prior to the reflections in
the initial measurement. Care must then be taken when windowing data to consider
this fact.
Alternatively, the loudspeaker and microphone may be left in the same position
for both measurements: 1) The pseudo-free field response would be recorded in
the absence of a sample surface and 2) A sample would then be positioned close
to the microphone in order to perform the flush measurement. The choice of the
method would depend primarily of the size and mobility of the sample surface. If
we required the measurement of a room wall, the former approach would be used
since the surface cannot be removed from its current position.
A problem arises if the incident sound wave is not completely subtracted from
the flush measurement. Mommertz has shown that small variations in temperature
can result in errors when calculating the reflection coefficient [27]. These post-
processing errors are due to the incomplete subtraction of the incident sound wave,
which occurs when there are changes in the time delay of the arriving signals at
the microphone position. This could also be caused by slight variations in the
position of the loudspeaker relative to the microphone. In the method suggested
above, the flush measurement is taken after moving the loudspeaker-microphone
apparatus up to the surface under study. Keeping the loudspeaker-microphone
distance fixed during the repositioning of the apparatus may be difficult with the
available mounting hardware, and thus result in small changes in time delay.
In addition, the recorded data are discrete. There is therefore a possibility that
the time samples in multiple measurements differ by a fraction of a sample. This
poses a problem when subtracting one measurement from the other, even when the
temperature in the environment or the loudspeaker-microphone distance is kept
fixed. One possible solution is to re-sample both the pseudo-free field and flush
measurements in order reduce the separation of the data samples. This was not
attempted in the present situation since we are searching for a method that yields
results down to low frequencies. The resolution obtained here is above the bass
region (> 200 Hz) and therefore will not satisfy our requirement.
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3.5 Impulse Response Shortening and Gating
3.5.1 Theory and Application
In all of the proposed methods, we are plagued with the additional complications
caused by the surfaces of the room. This information comes in the form of reflec-
tions (disregarding noise for the moment) which arrive at the measurement position
before the end of the impulse response of the loudspeaker and the surface under
study. We thus obtain an overlap of wanted and unwanted information. Now sup-
pose that the onset of reflections in the room commences at t = to. If the impulse
response of the loudspeaker and the surface under study were to decay before the
onset of room reflections, then the impulse response could safely be truncated with-
out truncation error or overlap of information. In addition, a quick decay of the
impulse response could avoid the overlapping of incident and reflected pressures at
the microphone position.
It has occurred to several authors[42, 10, 3] that modifications to the impulse
response, by use of specific filters, may solve the problem. Two methods exist,
the first [3] approach flattens the frequency response to DC which increases the
duration of the impulse response (in principle infinite) and lowers the amplitude
of the tail of the impulse response to zero [42]. The second method is essentially
the application of the flattening filter followed by a high-pass filter used to yield a
quick decay of the impulse response. This is achieved by attenuating low-frequency
data (see [10]). This will be the method we employ since it results in a quick decay
of the impulse response and no problem at DC (zero frequency).
Figure 3.35: Signal chain used in impulse shortening method. IR: Impulse Re-
sponse. FR: Frequency Response. FFT: Fast Fourier Transform. IFFT: Inverse
Fast Fourier Transform. fflat and fhp are the corner frequencies of the flattening
and high-pass filters, respectively. The inverse filter is the inverse of the flattening
filter times the high-pass filter.
After an impulse response is recorded, it is fed into the block diagram of the
post processing technique shown in Figure 3.35. A fast Fourier transform (FFT)
is performed on the impulse response (IR), yielding the frequency response (FR).
This is subsequently multiplied by a flattening filter and a high-pass filter having
different corner frequencies. The flattening filter corner frequency is chosen as the
corner frequency of the loudspeaker. The high-pass filter used is of first order. Its
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frequency corner is generally taken to be high enough to attenuate the low frequency
region of the frequency response (300 or 400 Hz), resulting in a quick decay of the
impulse response. This modified frequency response is then inverse transformed
back to the time domain. The filtering operations could also be carried out in the
time domain, without the need of the FFT and IFFT blocks. The impulse response
will now decay very quickly due to the attenuation of low frequencies and thus can
be windowed with reduced truncation error. A rectangular window is therefore safe
to use here. The flattened/truncated response is then brought to the frequency
domain where the inverse filter is applied (this removes the effect of the previous
filters). This yields the final shortened/flattened frequency response, which goes
to very low frequencies. The details of this technique are described by Vanderkooy
and Lipshitz [42].
For our purposes, this processing algorithm would have to be utilized in the
same fashion on each data set used to determine the reflection factor: (1) In the
case of the reflection method, this would have to be applied to the incident and
reflected waves. (2) In the case of the subtraction method, this would have to be
applied to both the pseudo-free field and flush responses.
We must now specify the form of the filters used in this procedure. We generally
are using sealed box loudspeakers, such as the tube or sphere we have presented.







where s = σ + jω, A is the gain of the filter in the high-pass region, ωo its corner








This transfer function has three parameters that we must determine. This is
done by fitting Hspk to the measured near field response of the loudspeaker. For the
spherical loudspeaker, we obtained A = 1470, ω = 660 rad/s and Q = 0.82. Figure
3.36 shows the near field and fitted responses in terms of sound pressure levels. The
amplitude will not actually be used in the impulse shortening algorithm, however it
was used here to determine if the fit was appropriate. We may then use the inverse
of Hspk as the flattening filter, which satisfies
Hflat(ω)Hspk(ω) = 1 (3.31)
for all angular frequencies ω in our range of interest. The flattening filter is therefore
H−1spk(ω). The frequency response of the measurement is multiplied by Hflat(ω) =
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H−1spk(ω) and the first order high-pass filter (frequency corner of 400 Hz), resulting
in attenuation at the low frequencies. The procedure depicted in Figure 3.35 is















Near Field Sound Pressure Level of Spherical Loudspeaker With Second Order Highpass
Near Field
Fit
Figure 3.36: Near field response of spherical loudspeaker with fit. We see that the
second order filter fits fairly well to the near field response between 50 and 300 Hz.
Loudspeaker filter parameters: A = 1470, ωo = 660 rad/s and Q = 0.82.
3.5.2 Results
The described method was applied to the measurements from the subtraction tech-
nique. After carrying out the algorithm presented in Figure 3.35 we obtain the
results shown in Figures 3.37 and 3.38. The wood panelled wall data indicates ad-
ditional absorption at low frequencies when using the impulse response shortening
(f <250 Hz). A 2.5 ms rectangular window was used on this data. We see both the
rise and fall in absorption for the office divider when using different window lengths
(below 300 Hz). The low-frequency tendency of the absorption curve changes based
on the window length due to truncation at low frequencies (the low-frequency wave
amplitude could be positive, zero or negative during rectangular truncation) [42].
Both of the results tend to show no or little change above 1 kHz. It is important to
note that the original absorption coefficients were computed with different window
lengths. For the wood panelled wall, approximately 2.4 ms and for the office divider
5 ms. The impulse response shortening procedure was implemented using 2.5 ms
for the wood panelled wall and 2.5, 3, 4 and 5 ms for the office divider. It is not
clear which window length would best describe the frequency region below 200 Hz.






















Absorption Coefficient of Wood Paneled Wall
IR Shortened, 2.5 ms
No IR Shortening
Figure 3.37: Absorption coefficient of wood panelled wall using impulse response
shortening. We see that the impulse response shortened data indicates an increase
in absorption for frequencies below 250 Hz. In addition, there is little change above
1 kHz.
3.5.3 Discussion
Impulse response shortening was introduced and implemented in order to improve
frequency resolution. This procedure has allowed resolution down to low frequencies
without the need for a wide time window. In our case, we have used rectangular
windows of 2.5, 3, 4 and 5 ms in width. These results were compared with data
having no impulse response shortening applied. It is not clear how to interpret the
accuracy of this method. Different window lengths cause the frequency response to
rise and fall in the low frequency region, depending on where the impulse response
is truncated. This indicates that the method is dependent on the window length.
On the other hand this method is very interesting. It attempts to solve one of the
most serious problems when performing measurements in a room, namely the room
itself.
The impulse shortening technique uses the low-frequency character of the loud-
speaker in order to flatten the frequency response. However we also have a surface
under study which interacts with the sound wave. Should the surface be modelled
and used to filter the response as well? In order to properly model the surface it
must be measured, our approach then enters a circular loop. A proper study of this
problem is required. This will be discussed briefly in the conclusion of this work






















Absorption Coefficient of Office Divider
IR Shortening, 2.5 ms
IR Shortening, 3 ms
IR Shortening, 4 ms
IR Shortening, 5 ms
No IR Shortening
Figure 3.38: Absorption coefficient of office divider using impulse response short-
ening. We see that the choice of window length results in more or less absorption
at low frequencies. In addition, there is little change above 1 kHz.
3.6 Portable Reverberation Chamber
3.6.1 Theory
There are several standard methods used to determine the absorption coefficient of
materials. The two most common methods are by use of the impedance tube [15]
and the reverberation room [16]. Here we will discuss the in situ implementation
of a reverberation room.
The Centre for Pavement and Transportation Technology, Department of Civil
Engineering at the University of Waterloo has constructed a wooden structure to
act as a miniature reverberation room. This is used primarily for the measurement
of pavement surfaces, however in principle it may be used on a variety of surfaces.
The walls are made of high density fibreboard and have a slight slope. The ceiling
of the chamber is flat and houses a loudspeaker and a microphone holder. There is
no bottom to the chamber, which allows measurements to be conducted by simply
placing the apparatus on the surface under study. This is depicted in Figure 3.39.
One method used to determine the absorption coefficient of the surface under
study is by assuming that a diffuse sound field exists in the chamber (more on this
assumption later). In this case, the reverberation time may be obtained from the
impulse response of a given measurement [34]. The principle of the method lies in
Sabine’s formula, which relates the reverberation time to the total absorption in
the room:
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Figure 3.39: In situ implementation of a reverberation chamber measurement (side
view). a) Reference measurement: reverberation chamber on rigid surface. b)






where T60 is the time it takes for the sound level in the chamber to decay by 60
dB, called the reverberation time, V is the volume of the room in cubic metres, c





Sk and αk are the surface area and absorption coefficient of the different surfaces
in the chamber, respectively. Note that the units of A are square metres.
All geometrical factors for the miniature reverberation chamber are known. The
unknowns are the absorption coefficients of the wooden walls, however they are all
built with the same material and should therefore be the same. We will now show
how two measurements may be used to determine the absorption coefficient of a
surface under study. First, a reference measurement is made on a rigid surface.
Second, a measurement is made on the surface under study in the same fashion
(keeping all parameters constant). This method is represented in Figure 3.39.
As we can see, the two measurement configurations have five surfaces in common
(walls and ceiling). For the reference measurement, the sixth surface is rigid, for
the surface measurement, the rigid surface is replaced by the surface under study
(or the surface under study is placed on the reference surface).
We will now calculate the total absorption for each case. For the rigid surface,
the total absorption is AR,
AR = S1α1 + S2α2 + S3α3 + S4α4 + S5α5 + SRαR (3.34)
here we assume that each of the wood surfaces of the chamber have different ab-
sorption coefficients and surface areas (some of the surface areas, and most likely
their absorption coefficients, are in common between surfaces). The subscripts 1 to
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5 represent the walls and ceiling of the chamber whereas the subscript R represents
the rigid surface of a reference sample. The absorption coefficient of the reference
surface is zero since it is rigid, leaving
AR = S1α1 + S2α2 + S3α3 + S4α4 + S5α5 (3.35)
which is the absorption of the apparatus itself. For the surface under study, we
have
As = S1α1 + S2α2 + S3α3 + S4α4 + S5α5 + Ssαs (3.36)
where Ss and αs are respectively the surface area and absorption coefficient of the
surface under study. The absorption coefficient of the surface is obtained by taking





This is the result found in the standard for the reverberation room method [16].
The total absorption of the surfaces is also determined from the Sabine formula.
By using (3.32) in (3.37), we may express the absorption coefficient as a function











where T60,s is the reverberation time with the surface under study in place and T60,R
is the reverberation time with the rigid surface in place. Once again we may obtain
the reverberation time by use of an impulse response measurement. The impulse
responses are therefore the only measures needed to describe the absorption char-
acteristics of the surface. Note that we have omitted the effect of the loudspeaker
and microphone. This would simply add two more terms to both the absorption
of the rigid surface and the absorption of the surface under study. These terms
would be removed when taking the difference between (3.35) and (3.36), once again
resulting in (3.37).
3.6.2 Diffuse Sound Field Assumption
It is important to note that the development of the preceding theory is based on the
assumption that a diffuse field exists in the enclosure of the measurement apparatus.
This is not necessarily true, and therefore merits some investigation. ASTM Stan-
dard C 423 - 08 [16] discusses the construction of a typical reverberation chamber.
Several important considerations are summarized in the following paragraph.
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Figure 3.40: Reverberation chamber dimensions. This view shows the angled sides
of the chamber and the fact that the ceiling and base are square structures having
different side lengths.
It is noted that there may be absorption at lower frequencies by the room
boundaries, which is most likely the case for the wooden boundaries of the present
chamber. The room absorption, which is the absorption coefficient in Sabines (1
Sabine = 1 m2) divided by the surface area of the room, is required to be equal to,
or below 0.05 for one-third octave bands centred at frequencies between 250 and
2500 Hz. For one-third octave bands centred at frequencies below 250 Hz, or above
2500 Hz, the absorption is required to be equal to or below 0.10.
The limit of background noise during a measurement is specified as “15 dB below
the lowest level used to calculate the decay”. However, it is evident that this should
be kept to a minimum. The biggest issue with the chamber construction is its
geometry. The standard requires that the minimum volume of the chamber be 125
m3. The volume of the chamber is a small 0.53 m3. This room will therefore have
distinct resonances at higher frequencies than a conventional room. The standing
wave pattern may be quite complex. In addition none of the dimensions of the
room should be equal, which is not the case here (see Figure 3.40).
In general, volume diffusers or reflective panels may be used to diffuse sound in
the chamber [6], aiding the requirement that the sound field be diffuse. However
there is not much room in the box to do so. On the other hand, the construction
features slanted walls which may aid in creating a diffuse sound field. In the follow-
ing we will assume that the sound field is diffuse in order to apply Sabine’s formula




Fibreglass panels that are typically used in loudspeaker enclosures were chosen as
an absorptive surface. The panel dimensions and measurement configurations are
shown in Figure 3.41. The floor of our laboratory was chosen as a rigid reference
surface. A measurement was carried out on the floor with and without the fibreglass
panels. The sample configurations are shown in Figure 3.41 parts b) through e).
Figure 3.41: a) Fibreglass panel dimensions and b) through e) Measurement con-
figurations.
It is useful to look at the sound pressure levels as a function of frequency for
these measurements. Figure 3.42 shows distinct resonances (and anti-resonances)
from about 170 Hz to 1.5 kHz. The same measurements, smoothed one octave, are
shown in Figure 3.43. The curves follow closely from 130 to 350 Hz where they
then begin to separate. As expected, increasing the absorptive material reduces the
























1 Panel on an Angle
Floor
Figure 3.42: SPL of fibreglass panel measurements. Distinct resonances are seen



















1 Panel on an Angle
Floor
Figure 3.43: 1-Octave smoothed SPL of fibreglass panel measurements. The mea-
surements follow closely from 130 to 350 Hz. Data begins to separate at high fre-
quencies, indicating that the addition of absorptive material is reducing the sound
level at the microphone position.
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Once the reverberation times were calculated, they were used in (3.38) in order
to obtain the absorption coefficient of the surface under study. The results are given
in Figure 3.44. There is very little absorption at low frequencies. This is normal
since we are using a very thin fibreglass panel (nominally 4 cm thick). Absorption
tends to rise at high frequencies. For the 1-panel and 6-panel configurations, it
even surpasses one. It is odd that the 2-panel data does not surpass an absorption
coefficient of one while a single panel does. Coefficients that rise above one have
been attributed to diffraction effects at the edges of samples in the reverberation
room method [6]. We may nevertheless conclude that these samples have significant























Absorption Coefficient of Fiberglass Panels Using Reverberation Chamber
6 Panels
2 Panels
1 Panel in Center
1 Panel at an Angle
Figure 3.44: Absorption coefficient of fibreglass samples using reverberation cham-
ber. Absorption coefficients rise above unity for frequencies between 1.7 and 4
kHz.
Floor, Carpet and Pavement
The portable reverberation chamber was also used on a rigid laboratory floor, a
carpeted surface (without an underlay), another rigid floor and a paved surface.
The results for the sound pressure levels (reference pressure is arbitrary) are shown
in Figures 3.45 and 3.46. In the case of the carpet, we would expect some absorption
at high frequencies and very little at low frequencies. The sound pressure levels show
a difference at low frequencies (Figure 3.45). We would expect little absorption in
this region and therefore, similar results for both the floor and carpet measurements.
Gaps between the bottom of the chamber and the carpet may exist, since the carpet
is not a smooth surface. This would allow air to exit the chamber and reduce the
sound pressure level at the microphone position. Alternatively, a systematic error
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Smoothed Reverberation Chamber Measurements on Floor and Carpet
Floor
Carpet
Figure 3.45: 1-Octave smoothed SPL of floor and carpet measurements (reference
pressure is arbitrary). At high frequencies the difference between measurements is
almost 5 dB, indicating significant absorption, however at low frequencies where
little absorption is expected, 1-3 dB differences are seen. Gaps between the carpeted
floor and the reverberation chamber may explain this difference.
Measurements were also taken on a smooth rigid floor, a pavement surface and
the pavement surface with a 1/16 inch steel sheet (Figure 3.46). Small differences
are found between 150 Hz and 1 kHz. At high frequencies the pavement and sheet
measurement yield the greatest sound pressure level. At low frequencies the floor
measurement has the highest sound pressure level. It is not clear which surface
should be taken as our reference here. The floor is rigid and smooth, wereas the
pavement is rough but still quite rigid.
The pavement unfortunately had tiny rocks at some locations on its surface
(as do most pavement surfaces). This reduced the amount of contact between the
sheet and the pavement which may have allowed the sheet to resonate. We may
notice that the addition of the sheet has decreased the sound pressure level at low
frequencies and increased the sound pressure level at high frequencies. It is not
clear what is happening at low frequencies. Note that the pavement+sheet and the
























Figure 3.46: 1-Octave smoothed SPL of floor and pavement measurements. Results
are similar between 150 Hz and 1 kHz. At high frequencies the pavement and the
sheet are the most reflective. At low frequencies the floor seems to be the most
reflective.
3.6.4 Discussion
A miniature reverberation chamber has been used to measure the acoustic absorp-
tion coefficient. Many resonances are found in the measured spectra with significant
energy up to 1.5 kHz. The sound field in the enclosure is not diffuse at low fre-
quencies. This device is however portable and may be placed on a surface under
study. It of course could not be used on a non-horizontal surface without some
support arrangement and therefore has limited application in situ. High-frequency
absorption coefficients have surpassed unity using this method, rising as high as
1.4.
The Centre for Pavement and Transportation Technology generally uses this
apparatus to measure pavement surfaces. A reference measurement could be taken
on a surface that is known to be rigid and then consecutively compared with a
measurement at another surface. Relative changes in the pressure spectra or in
the absorption coefficient between pavement surfaces may then be measured and
compared quantitatively. In this case, the importance is on the consistency of the
measurement configuration. Although the resulting absorption coefficient may not
represent what we would expect in a room acoustics perspective (due to the lack
of diffuseness of the sound waves in the chamber), this instrument may be used to
compare the performance of multiple surfaces in a consistent fashion. In particular,
Figures 3.45 and 3.46 have shown relative differences in dB between measurements
at a rigid floor and other surfaces.
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It is interesting to consider another approach to quantify the absorptive char-
acteristics of a surface. We may simply take the ratio of the pressure during the
measurement of the surface under study to the pressure at a measurement of the
reference surface. This could be considered to represent a measure of reflection
characteristics of the surface. We assume that the propagation direction of the
sound waves is not significantly changed when the surface under study is placed
under the chamber. That is, that the sound propagates in the same fashion and
interacts with the same surfaces in both measurements (however the rigid surface
becomes the surface under study of course). The result of this ratio is shown in
Figure 3.47. These results indicate that there is significant absorption at high fre-
quencies. If both measurements are the same then the pressure ratio is one. If the
surface is fully absorbing then the pressure ratio would be very low. It is possible





























1 Panel on an Angle
Figure 3.47: Pressure ratio of fibreglass samples using reverberation chamber. This
ratio is close to one for low and middle frequencies and decreases at high frequen-
cies. A ratio of one indicates little absorption. A ratio below one indicates that
absorption is taking place.
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3.7 Surface Pressure Method
3.7.1 Theory
The surface pressure method was first developed by Ing̊ard and Bolt [14]. Two
measurements are taken in order to determine the reflection factor. First, the
pressure is measured at a hard wall surface. Second, the pressure at the same
location is measured with the surface under study substituted for the hard wall.
These two pressure measurements are then used to calculate the complex reflection
factor of the surface. In Ing̊ard and Bolt’s method, a plane wave source is oriented
towards a surface in an anechoic chamber. The surface under study had a layer of
absorptive material, followed by a partitioned or unpartitioned air space. Behind
this airspace was an acoustically hard wall [13]. These surfaces have a frequency
dependent absorption coefficient that can be calculated.
We will now show how to calculate the reflection factor from the two measure-
ments. Let pR be the pressure at the hard wall (R for “rigid”) and ps be the pressure
at the surface under study. Then
pR = pi + rRpi = 2pi (3.39)
since the surface has a reflection factor of 1 for all frequencies (rR = 1). For the
study surface,
ps = pi + rpi. (3.40)
The ratio of (3.40) to (3.39) may be re-arranged to yield the reflection factor in
magnitude and in phase:
r = 2w − 1 (3.41)
where w = ps/pR. This result is not necessarily true in a room where reflections
from walls are also captured by the microphone. However, we will assume for the
moment that this relationship is true and attempt a measurement on the wood
panelled wall of Section 3.3.2 (see Figures 3.6 and 3.7).
3.7.2 Wood Panelled Wall Measurement and Discussion
Experiment
The wood panelled wall introduced in Section 3.3.2 was measured using the method
presented in the previous section. Two measurements are taken with the micro-
phone flush with the surface: 1) At the wood panelled wall with a metal sheet and
2) At the wall alone. The sheet is made out of steel, 3/16th of an inch thick (4.8
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mm), with sides of 30 and 45 cm. The underlying assumption in this method is
that the sheet and the wall together form a rigid surface. The microphone in this
arrangement is attached to a loudspeaker as shown in Figure 3.48, giving a 28 cm
loudspeaker-microphone distance. This setup is moved up to the surface until the
microphone is only a few millimetres away from the surface.
Figure 3.48: Loudspeaker-microphone arrangement for the surface pressure method.
A small electret microphone is fixed to the loudspeaker support by a thick, steel
support wire. The loudspeaker-microphone distance is then fixed to 28 cm.
Measurements taken at the wall alone, and at the wall with the sheet are shown
in Figure 3.49. Both measurements are very close, indicating that the presence of
the sheet has not significantly altered the pressure at the wall. A frequency domain
representation of these data is shown in Figure 3.50. Looking at the smoothed
curves, we notice that the data are very close over the entire frequency range. The
factor w = ps/pR is then calculated to give the reflection factor (see (3.41)). The
magnitude of the reflection factor is presented in Figure 3.51.
This surface was chosen because: 1) It should be highly reflective at high fre-
quencies and 2) It should show a resonance4in absorption at low frequencies due
to a mass-air-mass resonance (Section 2.3.3). It is clear that the magnitude of the
reflection factor is one for frequencies above 500 Hz. From 50-180 Hz, this surface
also shows significant reflection, while in the 180-500 Hz range it features a dip in
the reflection spectrum. It is possible that this dip is caused by a mass-air-mass
resonance. These results are unreliable below 100 Hz.
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Magnitude of Reflection Factor of Wood Panelled Wall
Figure 3.51: Magnitude of reflection factor of wood panelled wall using 1/3 octave
smoothed pressures.
Discussion
The present method has been applied in a normal room without consideration of its
implementation for a non-anechoic environment. This method has some interesting
features and a test measurement has shown characteristics of the surface under
study, namely, high reflection with the presence of a resonance at low frequencies.
We have other issues to investigate with this setup, and will do so in more detail.
Several authors have discussed the requirement for a minimum sample size (or sheet
size in our case) in order to make measurements at low frequencies [24, 30] (also
see [29] for a strip of absorptive material on a rigid surface). Minimum sample size
limitations make it desirable to increase the size of the sheet so that it covers more
area on the surface5. Our approach to reduce diffraction (edge effects) is to increase
the level of the incident signal by placing the source close to the microphone. A
consideration of the in situ implementation of this method is discussed in Chap-
ter4, covering the effect of room reflections, the sheet material, geometry, and an
appropriate mounting structure to hold the sheet against the surface under study.
5There will then exist more Fresnel zones on the sheet. A discussion of the relationship between





The surface pressure method was introduced in Section 3.7. We had applied this
method without any consideration of the reflections from the room surfaces or the
effect of the loudspeaker itself. A small sheet was mounted flush with the surface
under study in order to create a “rigid” surface. The acoustic pressure was measured
with and without the sheet in place, resulting in: 1) A rigid surface measurement,
pR and 2) A measurement at the surface under study, ps.
More consideration is needed of this method. Section 4.2 will therefore present
a development of the theory for this configuration, including the sound wave con-
tributions from the loudspeaker (scattering) and the room surfaces. It is difficult
to characterize all of these wave components in practice, requiring approximations
to the theory in order to calculate the reflection factor of the surface under study.
This is discussed in Section 4.2.1.
4.2 Theory for a Normal Room
We would like to apply the methodology of Section 3.7 in a room. However, in this
case we are required to include the reflection of sound from the room surfaces, as
well as the scattering of sound by the loudspeaker. It will be shown that (3.41)
still holds under particular conditions using this approach in a normal room. In
the following, we assume spherical waves having a sinusoidal time dependence ejωt
and phase shift due to propagation e−jkq, q being the propagation distance of the
acoustic wave. We must include any reflections from the room boundaries as well
as the scattering from the loudspeaker used as an acoustic source. The pressure
will be defined regardless of the surface for the moment (surface under study or
rigid), it is generally written as
p = pi + pr + psl + prsl + pRm + prRm (4.1)
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Figure 4.1: Pressure contributions for the surface pressure method. The incident
pressure waves are shown as straight arrows. The reflections of these waves off the
surface under study (or sheet) are shown as curved arrows.
Figure 4.2: Geometry for surface pressure method.
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where (see Figure 4.1):
pi : Incident sound pressure
pr : Reflected sound pressure from the surface
psl : Wave scattered by the loudspeaker
prsl : Reflection of the scattered wave by the surface
pRm : Room reflections
prRm : Reflection of room reflections by the surface
These pressure waves are denoted by arrows in Figure 4.1. The room reflections
are not completely shown, instead we have shown only the reflection from the floor
which is assumed to be the closest room surface besides the surface under study. As
time advances, more and more pressure waves reflect around the room and arrive
at the microphone position. They come in at all angles of incidence and have been
attenuated due to the spreading of the waves and the interaction with the room
surfaces. Our first assumption is that only the first reflection from the room, the
floor reflection, is important. We will therefore neglect all other room reflections,
setting pRm = pf and prRm = prf (f denotes floor).
These acoustic waves are modelled as spherical waves (omitting the ejωt time











We use a scattering amplitude approach for the scattered wave from the loud-
speaker. A spherical wave is incident on the loudspeaker and then scattered, form-















Note that we have simply multiplied the wave incident on the loudspeaker by a dis-
tance factor qs, the scattering amplitude, which has both an angular and frequency
dependence [29] (the proper distance factors have been written as well). We are
assuming that the scattering results in a spherical wave with a modified amplitude
and phase, thus qs is complex. This wave is then reflected from the surface (surface




(qo + 2ho)(2qo + 2ho)
e−jk(3qo+4ho). (4.5)











where lo represents the extra distance the surface reflected floor wave has travelled
relative to the original floor wave (see Figures 4.1 and 4.2). The angle of incidence
of this wave, φ would have to be known in order to specify lo. In addition, the
reflection factor of the surface may have a dependence on the angle of incidence
and is therefore denoted as, rφ (whereas r is for normal incidence). Now that the
form of the pressure waves have been determined, we may write the pressure at the





























The first line in (4.8) is the incident wave and its reflection from the surface. The
second line is the scattered wave from the loudspeaker and its reflection from the
surface. Finally, the third line is the floor contribution and its reflection from the
surface. In practice, the distance ho = 0 since the microphone is placed flush with





























which may be simplified to























This is the expression for the pressure at the surface under study, whereas at the

















We now have two equations: (4.10) and (4.11), and four unknown quantities: qs, φ
(which would give us lo), rφ and r. The pressure amplitude po is common to every
factor and will not be present in the expression for r. Approximations are required
in order to isolate the reflection factor from these equations. This will be discussed
in Section 4.2.1.
4.2.1 Approximations Used to Determine the Reflection
Factor
The given measurement configuration and approach has brought us two equations
relating the reflection factor; however, there are four unknowns: r, rφ, qs, and φ.
Our goal is to determine r. Information is therefore required for the floor reflections
in the room, φ and the scattering characteristics of the loudspeaker, qs. In addition,
we now have a factor of rφ to consider. Several approximations must be made in
order to simplify the present analysis.
First we will consider the reflection of sound pressure from the floor. These con-
tributions would not be present in an entirely anechoic environment. Alternatively,
the impulse response could be gated in order to remove the floor reflection from
a measurement. However, as we discussed in Section 3.3, this may only preserve
the high-frequency data and falsify the information at low frequencies depending
on the chosen window length.
The general motivation behind our analysis is that reflections from the room
surfaces degrade a measurement. If we were able to neglect these reflections, then
we would simply consider the signal at the microphone to be composed of the inci-
dent and reflected contributions from the loudspeaker and the surface under study.
How may this difference in level be achieved? In the simplest fashion, reduce the
loudspeaker-microphone distance and consequently, the microphone-surface under
study distance. This is the strategy used in making near-field loudspeaker mea-
surements. We will therefore keep a short distance between the loudspeaker and
microphone in the measurements.
Consider the configuration shown in Figure 4.2. If the signal level of the inci-
dent pressure wave is much higher than the level of the floor reflection, the floor


















The difference in signal levels may be demonstrated by substituting typical dis-
tances for qo and qh in (4.12) and (4.13). Let qo = 28 cm and qh = 150 cm, then:
pi ∝ 3.6 and pf ∝ 0.63, the ratio of these indicates that pi is almost six times the
amplitude of pf . This shows that the incident level pi is 15 dB above the strongest
reflection in the room and therefore, indicates that neglecting the room reflections
will result in some error. The expressions in (4.10) and (4.11) may now be written
without the floor contributions, as

























It is now time to combine these two equations in order to isolate the reflection
factor; we begin by multiplying ps by two and subtracting pR






































Notice that the first term in brackets is the pressure at the rigid surface multiplied
by r, rpR. Let us divide (4.16) by pR, and use w = ps/pR (this is not to be confused




− 1 = 2w − 1 = r + (r2 − 1) 2qrefqspoe
−jk3qo/2q2o
2 (qrefpoe−jkqo/qo + qrefqspoe−jk3qo/2q2o)
(4.17)
which may be simplified to







The factor Qs represents the contribution of the scattered wave from the loud-
speaker, which is a function of qs, qo and k. When Qs 6= 0, (4.18) can be solved for






















Note that there are two roots with opposite signs. The scattering from the loud-
speaker is therefore needed in order to calculate the reflection factor of the surface.
In principle, this could be found by taking a reference measurement at a surface





2w − 1− r
r2 − 1
=
2ps/pR − 1− r
r2 − 1
. (4.22)
Care must be taken not to use a surface having a reflection factor of unity. If the
reflection factor of the reference surface is unity1, then Qs has a pole and rises
to infinity. On the other hand if the surface had a reflection factor of zero then
no wave would be reflected from the surface, resulting in no scattered wave from
the loudspeaker. In this case, w = ps/pR = 1/2, since the surface under study is
perfectly absorbing and the rigid surface is perfectly reflective, resulting in Qs = 0,
as required.
Let us now consider what will happen if Qs is zero. Intuition tells us that there
would be no scattered wave, and therefore we would only be considering the incident
and reflected sound waves at the surface under study. If we substitute Qs = 0 in
(4.18), we obtain the relationship r = 2w − 1, as in an anechoic environment. The
factor Qs can then be seen as a correction which must be applied to our calculations
when the scattering of the reflected wave by the loudspeaker is significant. This
factor is proportional to qs, indicating that Qs → 0 as qs → 0.
1If the reflection factor were -1, this would be a “pressure release” boundary, which would also
result in a pole in Qs.
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4.3 Experimental Setup of the Surface Pressure
Method
We will now consider how to implement this type of measurement in situ. The
basis of this method is that we have a reference surface that is rigid, which may be
placed in the position of the surface we are measuring. Since we would like to use
a non-invasive technique, we may not place the rigid surface in the location of the
surface under study, however we may place it in front of this surface.
The noise in the room is different from position to position, due to resonances
and differences in noise source locations. This means that our rigid surface mea-
surement should be taken at the same location as the measurement of the surface
under study, or very close. This requires a very thin, rigid, surface. These two
requirements are contradictory. Both the bending stiffness (A.2) and the mass in-
crease with the thickness of the sheet. The greater these values, the more rigid the
surface. In addition, for this method to be applicable in situ, it is necessary that
the equipment be easily transportable. This requires the sheet and support struc-
ture to have a low mass. Once again we arrive at another contradiction, this time
between the rigidity of our sheet and transportability. Finally, the setup should
allow measurements to low frequencies, down to 50 Hz or less for example. This
final necessity implies that the surface of the sheet should be large, so that the
sound waves interact with the sheet and not a combination of the sheet and the
surface under study. We may summarize the requirements of the rigid surface as
follows:
1. The sheet must be as rigid as possible
2. The sheet must be as thin as possible
3. The sheet must be as light as possible
4. The sheet must be as large as possible
In more rigorous terms, we may relate the above statements to the properties of
materials:
1. The sheet must have a high Young’s modulus E, a high density ρm, and a con-
siderable thickness h
2. The sheet must have a small thickness h
3. The sheet must have a low density ρm
4. The sheet must have a large area
We see that these requirements contradict one another, and therefore, a com-
promise must be made. A high Young’s modulus, density and considerable sheet
thickness will decrease the transmission coefficient of this surface (2.3). The bend-
ing stiffness is proportional to the Young’s modulus of a material. The greater the
bending stiffness, the greater the reflection coefficient (ρ = 1 − τ) in the stiffness
controlled region. This is also true for the mass controlled region: The higher the
mass of the sheet, the greater the reflection coefficient.
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Figure 4.3: Front view of steel sheet setup. This photograph shows the sheet and
support system, which is constructed of angled steel bars.
Figure 4.4: Angled view of steel sheet setup. This photograph shows the complete
construction of the setup. Vertical supports hold the sheet at a particular height.
Angled bars go from the middle of the sheet to the floor for increased support.
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Preliminary measurements were carried out with a small 30 cm by 45 cm steel
sheet having a mass of approximately 1/2 kg. However this would not satisfy all
of the requirements that we have stated due to low mass and small dimensions.
We therefore chose to use a larger steel sheet. Steel has a high Young’s modulus
(E = 200 GPa) and density (ρ = 7700 kg/m3). A thickness h of 1/16 of an inch was
chosen, or h ' 1.6 mm. The length and width of the steel sheet are approximately
1.2 m, yielding an area of 1.44 m2 and a mass of 17.7 kg. This sheet is shown with
its support structure in Figures 4.3 (front view) and 4.4 (angled view).
A compromise between size and weight is made for this method. A support
system is also needed to hold the steel sheet against the surface under study. We
would again require that the supports be rigid (massive and high Young’s modulus)
and transportable. The supports were chosen to be constructed of 1.9 cm (3/4 inch)
angled steel bars shown in Figure 4.5.
Figure 4.5: Side view of steel sheet setup. This photograph shows an angled support
going from the middle of the sheet to the ground. The height of the sheet and all
supports are adjustable.
Periodic holes where made at a 10 cm spacing in both the supports and the steel
sheet to allow height adjustments. Ideally it would be possible to place the sheet
flush with the surface under study. The supports are therefore placed on the front
of the sheet with bolts going through the back into countersunk holes, allowing the
bolt heads to be flush with the back of the steel sheet. This allows the sheet to be
placed very close to a wall. A countersunk fastening is shown in Figure 4.6.
The base of the horizontal support is slotted in order to increase the contact
between the sheet and the surface under study (see Figure 4.8). A quick adjustment
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Figure 4.6: A view of the back of the steel sheet showing countersunk fastening.
This allows bolts to be inserted flush with sheet surface and therefore, does not
reduce the amount of contact between the sheet and the surface under study.
is possible by sliding the angled support bar forward in the slot, applying more
pressure to the sheet and therefore increasing the contact between the two surfaces
(see Figures 4.7 and 4.8). This configuration takes 15 minutes to assemble and
the supports may be folded to allow for ease of transportation. In general, one
individual will not be able to carry all of the equipment mentioned above. Two or
three trips must then be taken to relocate the sheet and supports.
A spherical loudspeaker is used in this setup. The microphone is attached to the
loudspeaker, maintaining a loudspeaker-microphone distance of 28 cm (see Figure
3.48). A measurement is taken with the microphone flush with the sheet (which
is at the surface under study). The sheet structure must then be moved in order
to take a measurement at the surface under study. The loudspeaker and sheet
support positions are marked using masking tape, the loudspeaker arrangement is
moved, and the steel structure is taken down. The supports are then returned to
their position at the surface. This ensures that any diffraction from the supports
is present for both measurements (however diffraction will depend on the surface
under study as well). Finally the loudspeaker is returned to its original position
and a measurement is made with the microphone at the surface under study.
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Figure 4.7: This angled bar applies pressure to the steel sheet allowing it to increase
or decrease the contact between the sheet and the surface under study.
Figure 4.8: The slot in the base of this floor support is attached to the bottom of
the angled bar. This may be adjusted so that the bottom of the angled bar is closer
to the sheet, increasing the contact between the sheet and surface.
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4.4 Results
We will now compare the results of this method on three types of surfaces:
 A rigid surface
 An absorptive surface
 A resonant surface
This will illustrate the performance of the surface pressure method for the entire
range of reflection/absorption coefficients.
4.4.1 Rigid Surface: Glazed Block Wall
The rigid surface that we had chosen is found at multiple locations in the Physics
building at the University of Waterloo. Glazed blocks form this surface which are
shown in Figure 4.9. Several measurements of this surface will be compared in
different locations of the building. It is expected that measurements will show low
absorption coefficients.
Figure 4.9: Rigid surface to be measured. A wall consisting of glazed blocks.
We would expect the sound pressure levels at both the sheet with the wall, and
the wall alone, to be essentially the same. This is a consequence of the surface
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being rigid: adding a sheet to the wall will not significantly change the impedance
of the surface.
Three measurement locations were used in the Physics building, all in stairwells:
1. Back door of the 2nd floor (BD2) 2. Front door of the 2nd floor (FD2) and 3.
Back door of the 3rd floor (BD3). A total of six measurements were performed:
one at BD2, one at FD2 and four at BD3. The geometry of each room is given
in Appendix B. It is important to note that each measurement setup will occur in
different environments on essentially the same surface. It will be useful to compare
the results from each measurement.
First, measurements were carried out on the glazed block wall at location BD2.
The steel sheet was configured as shown in Figures 4.3 to 4.8. A loudspeaker-
microphone distance of 28 cm was used. The impulse response at the sheet is
shown using different tapered window lengths in Figure 4.10. We may notice that
small window lengths remove the low frequency oscillations from the impulse re-
sponse. This is also shown in Figure 4.11 where all windowed sound pressure levels
converge for frequencies above 1 kHz. However, below this we see differences due
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Figure 4.10: Impulse response of sheet at glazed block wall for different window
lengths. It is apparent that small window lengths remove low-frequency oscillations


























Figure 4.11: Sound pressure level at sheet and glazed block wall for different window
lengths. Differences in sound pressure level are caused by the truncation of the
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Figure 4.12: Impulse response at sheet and at glazed block wall. Both measure-
ments follow very well implying that the sheet does not significantly change the
sound field at the surface.
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A time window of 64 ms would allow a frequency resolution of about 15 Hz,
which is sufficient for our purposes. Using this time window, the impulse responses
and sound pressure levels of the sheet+wall and wall measurements are shown in
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Figure 4.13: Sound pressure level at sheet and at glazed block wall. Both measure-
ments follow very well implying that the sheet does not significantly change the
sound field at the surface.
The reflection factor and absorption coefficient may now be calculated from the
frequency responses of the surface under study and the rigid surface measurements.
The magnitude of the reflection factor is shown in Figure 4.14 for multiple window
lengths. We are only concerned with measurements down to 50 Hz. We see that
the 16, 8, 4 and 2 ms data rise and drop at the low frequencies due to impulse
response truncation. This surface has a reflection factor of magnitude 0.9-0.95 over
most of the frequency range.
This reflection factor translates to an absorption coefficient of 0.1-0.2 over most
of the frequency range, as seen in Figure 4.15. Note that the absorption coefficient is
denoted by “A” on the vertical axis. We may also look at the results obtained using
different amounts of smoothing (see Figure 4.16). Additional smoothing reduces the
oscillations in the absorption coefficient. For the remainder of the presented results,






















Figure 4.14: Magnitude of reflection factor of glazed block wall for different window
lengths. The surface under study has a magnitude of the reflection factor of 0.9-0.95
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Figure 4.16: Absorption coefficients of glazed block wall for different octave width
smoothing. The window length is 64 ms and the absorption ranges between 0.1
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Figure 4.17: Absorption coefficient of multiple glazed block walls at different lo-
cations. Notice the consistency between the 2nd floor measurements and the 3rd
floor measurements. There seems to be a frequency independent offset between
measurements.
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Figure 4.17 displays the results for all six measurements at the three locations.
The absorption coefficients of these walls vary by approximately ±0.1 over the most
reliable frequency range (50 Hz to 4 kHz). Of course we should not be obtaining
negative absorption coefficients. Mounting conditions are suspected to contribute to
the variation in absorption coefficient between measurements, which will be shown
later. However we see that the data follow reasonably well for the 2nd floor locations
and for the 3rd floor locations (maximum variation of 0.2 at the 3rd floor location).
The discrepancies seen here may also be due to the microphone being placed at
a slightly different location after the sheet structure was taken down. Extreme
caution was taken not to move the microphone connected to the loudspeaker, but a
small variation is always possible. In addition, the microphone is placed at a single
point at the surface under study. Measurements at BD3 were generally performed
on separate days, in some cases up to a month apart. The exact location of wall
was not measured for each case.
This difference in absorption is troubling. These walls were expected to have
similar absorption coefficients. We may certainly conclude that the glazed block
walls are highly reflective over the entire frequency range of interest. Potential
causes of variation in absorption will have to be investigated. In fact, the solid
green and the blue triangle measurement curves were taken at the same location
of the wall in Figure 4.17. The sheet and support assembly was taken down after
the first measurement and reassembled. Another measurement was then taken.
We see that this has resulted in a difference of as much as 0.1 in absorption. This
suggests that systematic errors exist when mounting the sheet structure. The effect
of mounting conditions will be investigated in Section 4.4.4.
4.4.2 Absorptive Surface: Office Divider
One common absorptive surface in use in many buildings is office dividers. Due
to their availability and large surface area, this was chosen as an absorptive test
surface. The office divider is shown in Figure 4.18. It is expected that the office
divider will absorb most of the incident acoustic pressure at high frequencies, with
a reduction in absorption at low frequencies. In terms of sound pressure level,
we would assume that the difference between the two measurements, sheet+office
divider and office divider alone, should fall between 0 (pr = pi) and 6 dB (pr = 0).
The impulse response at the sheet and office divider is shown in Figure 4.19. We
see that the measurement at the divider peaks at about half of the maximum value
of the sheet measurement. In addition, we see that the low-frequency character of
the impulse response is preserved in the office divider data. The sound pressure
levels at the surface under study and the sheet are shown in Figure 4.20. Differences
of 0 to 6 dB are seen in the data, with the greatest difference at high frequencies,
even rising to a difference of 10 dB near 2 kHz. The office divider is seen to reflect
very little sound above 1 or 2 kHz in Figure 4.21.
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Figure 4.19: Impulse response at sheet and an office divider. Note that the maxi-
mum of the office divider’s data is about half that of the sheet data. In addition, the























Figure 4.20: Sound pressure level at sheet and an office divider. The difference
between the sheet and divider measurements varies generally between 0 and 6 dB.
At 2 kHz, the difference is as much as 10 dB. Notice that there are oscillations
in the sheet measurement that are not present in the office divider measurement
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Figure 4.21: Magnitude of reflection factor for an office divider. This surface is
reflective at low frequencies and absorptive at high frequencies. The scattering of
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Figure 4.22: Absorption coefficient of an office divider. This surface is reflective at
low frequencies and absorptive at high frequencies. The scattering of sound from
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Figure 4.23: Multiple measurements of absorption coefficient for an office divider.
The variation in absorption coefficient (±0.05) is not as significant as that for
the glazed block surface. The scattering of sound from the loudspeaker causes
fluctuations in absorption above 1 kHz.
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In terms of absorbed sound intensity, the absorption coefficient of the office
divider is shown in Figure 4.22. We see that this device absorbs sound intensity very
well above 500 Hz. We also notice the gentle decrease in absorption with reducing
frequency which is typical for absorptive devices of this kind2. The fluctuations in
absorption above 1 kHz are caused by the scattered wave from the loudspeaker,
which is only present in the sheet measurement. Smoothing will slightly reduce the
amplitude of these oscillations. Figure 4.23 displays the results for three separate
measurements performed on the office divider. We may note that the variation
in absorption (±0.05) is less than that for the glazed block surface. One factor
contributing to this difference is the mounting of the steel sheet which will be
discussed in Section 4.4.4. Another contribution may be the slight displacement
of the loudspeaker as it is moved and placed back in its original position at the
surface between measurements (in order to remove the steel sheet and support
structure). The microphone position may not be the same in both cases but this
error should not be more than a centimetre. Diffraction from the edges of the steel
sheet will cause fluctuations in the absorption spectrum. The scattering of sound
from the loudspeaker is the primary cause for the oscillations in absorption at high
frequencies.
4.4.3 Surface Having Resonance: Wood Panelled Wall
The third surface is a wall consisting of regularly spaced wooden panels backed by
an airspace and a rigid wall (such as the glazed block surface). Approximate values
of the airspace depth, the stud spacing and the densities of the walls may be used
with (2.46) to calculate the resonance in this system. This composite wall should
have a fairly broad mass-air-mass resonance where maximum absorption will occur.
For all other frequencies, this surface is expected to be reflective. The mass-air-mass
resonance was calculated to be approximately 150 Hz in Section 2.3.3.
The impulse responses of the measurements are shown in Figure 4.24, which
follow each other closely, indicating that there is little absorption. Figure 4.25 sup-
ports this fact; however there is some difference in sound pressure level from 80
to 300 Hz. As a result, high reflection is seen over most of the frequency range,
however there is a dip in reflection from 80 to 300 Hz (Figure 4.26), which indicates
a resonance in absorption (Figure 4.27). This resonance is the mass-air-mass res-
onance, which seems to peak at 135 Hz. This is very close to the prediction given
in Section 2.3.3 using approximate values for the mass of the panels, airspace and
the mass of the wall behind the airspace.
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Figure 4.27: Absorption coefficient of a wood panelled wall using different octave
smoothing widths. The mass-air-mass resonance frequency centre is at 135 Hz.
97
4.4.4 Effect of Mounting
The discrepancies between measurements suggest that the experimental procedure
may suffer from error. This could be caused by controllable factors such as the
mounting of the steel sheet or the difference in microphone positions between mea-
surements. Another possible source of error could be attributed to diffraction from
the steel sheet itself and its supporting structure. The effect of mounting will now
be investigated.
In principle we would like this sheet to be as close as possible to the surface
under study. More or less contact between the sheet and the surface is obtained by
adjusting the angled support via a slot at the base. This was varied in the following
measurements. Two extreme positions were considered: 1. The sheet is flush with
the surface under study and 2. The sheet is no longer in contact with the surface
under study (there is a 1-2 cm gap between the surface and sheet). In both cases
the microphone is millimetres away from the sheet, meaning that the loudspeaker-
microphone assembly is not at the same position for both of these measurements.
These conditions are used to place an upper bound on the error that may be created
from the improper mounting of the sheet and support equipment. Measurements























Figure 4.28: Sound pressure level of glazed block measurements wall for different
mounting conditions.
The sound pressure levels obtained for each configuration are shown in Figure
4.28. It is seen that the flush sound pressure levels and the measurement of the
sheet for the 2 cm position are quite similar. In fact this indicates that the sheet
is fairly rigid, even moving the sheet (and loudspeaker-microphone) 2 cm from the
wall did not change the measurement. We do see however that the 2 cm wall
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data drops in level at high frequencies. The measurement is unchanged in the low
frequency region since the wavelength is much larger than the 2 cm spacing. The
absorption coefficient (Figure 4.29) is close to zero for the flush measurements.
The 2 cm wall data results in an absorption coefficient oscillating above and below
zero for frequencies above 150 Hz. The maximum amplitude of these oscillations is
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Figure 4.29: Absorption coefficient of glazed block wall for different mounting con-
ditions.
In the case of the office divider, three positions were measured: 1. Sheet flush
with the surface under study 2. Sheet 1/2 cm away from the surface and 3. Sheet
2 cm away from the surface. The sound pressure levels are found in Figure 4.30.
These results are fairly interesting. The first three data curves (top blue, red and
black) are the sheet measurements, which are nearly identical. This is because
the microphone is always very close to the sheet even though from one mounting
condition to the other the distance between the sheet and the office divider is
changing. The green curve and the data represented by triangles represent the
divider measurements which show some differences. The 2 cm and 1/2 cm positions
are very close over the entire frequency range. These measurements do not follow
the flush sound pressure level at high frequencies however.
Calculated absorption coefficients are shown in Figure 4.31. A difference of ±0.1
in absorption is found (less than the case for the glazed block wall). A common
trend is also clear from this data, all the peaks and dips line up nicely apart from


























Figure 4.30: Sound pressure level of office divider measurements for different mount-
ing conditions. The sheet measurements are nearly identical (blue, red and black
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Figure 4.31: Absorption coefficient of office divider for different mounting condi-
tions. A variation of ±0.1 in absorption is seen.
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4.4.5 Effect of Loudspeaker-Microphone distance
It has been assumed up to this point that the current loudspeaker-microphone
distance does not pose a problem during measurements. We are not certain if this
is the optimal distance for our present measurement setup. Four measurements
were carried out for different loudspeaker-microphone positions at the office divider:
77 cm, 28 cm, 10 cm and 1 cm. Note that these distances correspond to the
distance between the loudspeaker and microphone, the microphone is always a
few millimetres from the sheet or the surface under study. The results of these
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Figure 4.32: Absorption coefficient of office divider for different loudspeaker-
microphone distances. The 77 cm data is not trustworthy due to the possible
movement of the microphone position. A significant dip is found in the 1 cm data
spectrum at 2.5 kHz.
Let us first consider the 77 cm data. Remember that the microphone is attached
to the loudspeaker. At 3/4 of a meter loudspeaker-microphone distance, this at-
tachment features significant bending. It is therefore possible that the microphone
position had moved between measurements (sheet measurement and surface under
study measurement). This distance is clearly inappropriate for the given configu-
ration unless a stronger loudspeaker-microphone attachment is used.
The 1 cm, 10 cm and 28 cm data are similar over most of the frequency range.
A sharp dip is found in the absorption for the 1 cm data. There may be several
reasons for this. First, we are neglecting the scattering of sound by the loudspeaker
itself which should not be done in a situation where the loudspeaker is so close to
the sheet/surface under study. Second, interference is possible between the incident
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and reflected waves from the sheet, however this would not be present at the office
divider since this surface absorbs almost all the incident pressure above 1 kHz.
Additionally, we should mention that a near-field measurement such as this will
show an important variation in level when displaced a small distance.
It would be advantageous to use near-field measurements of this type to charac-
terize a surface since this effectively removes the room from the measurement. The
signal level at the microphone would be dominated by the incident, reflected and
loudspeaker scattered waves while the room reflections could safely be neglected.
We have not accounted for the scattering of sound from the loudspeaker in our ab-
sorption coefficient calculations. A loudspeaker-microphone distance of 28 cm was
therefore used. Smaller distances than this will increase the level of the scattered
wave and increase measurement error.
4.4.6 Diffraction From Sheet and Mounting Structure
Diffraction effects could also contribute to measurement errors. Both the sheet and
the mounting supports can diffract sound waves. The edges of the steel sheet will
cause more diffraction than the supports, since the sheet covers a larger area of the
surface under study. The supports have always been present during measurements,
both with and without the sheet at the surface under study. Two measurements
were taken at the glazed block wall with and without the supports in order to
determine if any differences in sound pressure level occur. The results are shown
in Figure 4.33, which indicate that diffraction effects from the sheet supports are
negligible in this instance. This seems to be the case for the edges of the sheet as
well, since the sound pressure levels also follow closely (Figure 4.13). Maximum
diffraction will occur when there is a large variation in impedance between the
sheet and the surface under study. This is the case for measurements on the office
divider, which is fairly absorptive. Notice that the strongest oscillations in absorp-
tion are seen for the office divider (Figure 4.23), which was originally believed to
be diffraction. Closer inspection shows that it is due to the scattered wave from
the loudspeaker.
4.4.7 Impulse Shortening
Impulse response shortening was used to determine if the absorption coefficient
could be determined using the method described in Section 3.5. The result is
shown in Figure 4.34 for the wood panelled wall and four rectangular window
lengths: 2.5 ms, 5 ms, 10 ms and 64 ms. It is clear that the resonance peak
shifts based on the window width that is used. The differences seen here by the
2.5, 5 and 10 ms data compared to the 64 ms data are similar to the differences
between multiple measurements (approximately 0.2). Once again we see that the




















Figure 4.33: Sound pressure levels with and without sheet supports. Both sound
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Figure 4.34: Absorption coefficient of wood panelled wall using impulse response




In this chapter we have covered the theory and implementation of the surface
pressure method in situ. This method was originally used in an anechoic chamber
with a large surface under study backed by a rigid wall. It has been shown that
approximations are required in order to obtain the in situ reflection factor of a
surface. The first approximation required that the room reflections be negligible
compared to the incident and reflected waves. Second, the scattering of sound
pressure by the loudspeaker was neglected. As the loudspeaker becomes closer to
the surface, the incident and reflected waves increase in level. However, so does the
scattered wave from the loudspeaker, a compromise must therefore be made.
Experiments confirmed characteristics of a rigid surface, an absorptive surface
and a resonant surface. The absorption coefficient of the rigid surface was found
to be ±0.1 over most of the frequency range. It was shown that the configuration
of the mounting system could contribute an error of ±0.3 in extreme cases. This
value is an upper bound of the mounting error, and in practice this error may be
±0.1 or ± 0.2 since the sheet is always in contact with the surface under study.
Three mounting conditions were tested on the office divider. A variation of ±0.1 is
found which could account for the difference of ±0.05 between absorption coefficient
measurements.
The wood panelled wall was measured and clearly shows a resonance in absorp-
tion at 135 Hz. Using approximate values for the panel mass, airspace depth and
the rigid wall mass behind the airspace, we calculated a resonance frequency of
150 Hz. Impulse-shortened data show similar results for large time window widths.
The smaller the window width, the higher the resonance peak shifts in frequency.
Diffraction from the edges of the sheet and mounting structure will occur. Most
of the diffraction will come from the edges of the steel sheet and will be significant if
the sheet and surface under study differ greatly in impedance. Measurements from
Section 4.4.6 have indicated that there is little diffraction when measuring a rigid
wall. The results from the office divider will have more diffraction. This cannot
be seen due to fluctuations in the absorption spectrum which are caused by the
scattered wave from the loudspeaker. Note that diffraction is important at both
low and high frequencies. This requires further investigation.
The effect of the loudspeaker microphone distance was discussed and shown to
cause problems when performing near-field measurements (loudspeaker-microphone
distance of 1 cm) or distant measurements (loudspeaker-microphone distance of 77
cm). Near-field measurements have a significant scattered wave from the loud-
speaker and distant measurements require a strong microphone support. The effect
of the loudspeaker scattering could be taken into consideration if this system was
properly calibrated. A measurement could be performed at a surface of known
acoustic impedance. The factor Qs (and thus qs) could then be determined and
near-field measurements could subsequently be used. Small differences in micro-
phone position for near-field measurements will result in grave errors. This approach
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should be given more thought in the future.
The surface pressure method has been shown to be applicable in situ. Mea-
surements are possible in the entire frequency range of interest, 50 Hz to 4 kHz.
Low-frequency constraints are possible due to ambient noise, which is significant at
very low frequencies. Several improvements should be investigated for this method.
The mounting of the sheet has been shown to be subject to error. An improved
mounting system could therefore fix this problem. The inclusion of the scattering
effects could possibly reduce experimental error, as well as allow the use of near
field measurements. Consistency in measurement positioning would be even more
important if near-field measurements were used; however the room reflections could




5.1 In Situ Measurements
We have demonstrated and discussed the difficulties relating to in situ measure-
ments. Problems primarily occur at low frequencies, which have not decayed prior
to the truncation of the impulse response. Noise is also always present and noise
spectra usually show more energy as frequency decreases, making it difficult to
achieve the same signal-to-noise levels at low frequencies. Reflections and scatter-
ing from the room and furniture will contribute to the sound pressure measured
at the microphone position. These have to be reduced as much as possible dur-
ing measurements, which is usually done by changing the location of equipment or
by truncating the impulse response using a window. This generally increases the
frequency spacing in the frequency domain. In addition, low frequency results will
vary with the truncation location of the impulse response. A large frequency spac-
ing (poor frequency resolution) results in the smoothing of data at low frequencies.
If the surface under study is very active in this region, the truncation of the impulse
response could result in the smearing of meaningful information.
Results have shown that the absorption characteristics of the surfaces measured
in this study vary depending on the measurement method that was employed.
Limitations have therefore been discussed for these methods. In most of the cases,
one element that is left out of the theory for in situ measurements is the effect of
the loudspeaker itself, which may reflect, scatter and diffract sound waves. This is
apparent when comparing the results from the wood panelled wall using the tube
loudspeaker and the KEF (Figures 3.27 and 3.22). At high frequencies, the tube
loudspeaker data shows an absorption coefficient of ± 0.1. The results with the
KEF oscillate between ± 0.2 which may be caused by diffraction from its cabinet.
In addition, we have discussed the use of impulse shortening and gating in
order to improve the resolution of results at low frequencies. We suspect that the
presented approach was not complete. A low frequency model of the loudspeaker
was used, however none was used for the surface under study. This procedure may
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shorten the impulse response of the loudspeaker although this does not necessarily
shorten the reflected response from the surface under study. A low frequency model
of the surface under study may be required to properly implement this shortening
procedure. We do not know this information prior to a measurement, this is what
we are trying to measure. Mommertz [27] [28] pre-emphasized his MLS signals so
that the impulse response of the loudspeaker was very narrow. He does not mention
how he accounts for the impulse response of the surface under study, which may
not be narrow. This would require more study.
The in situ implementation of a reverberation chamber was presented. A dif-
fuse sound field was assumed in order to determine the absorption coefficient of
a surface under study. This is a useful device for measuring horizontal surfaces
that are relatively flat. There are many distinct resonances in this box up to sev-
eral kHz, indicating that the sound field inside the chamber is not diffuse. This
method utilizes a rigid reference surface to determine the absorption coefficient. It
is important that the reference surface is as rigid as possible and non-porous. In
addition, the chamber should not have similar contact between the rigid surface
and the surface under study.
5.2 Surface Pressure Method
The surface pressure method has been applied in situ. This was done by approx-
imating a rigid surface by the use of a thin steel sheet. This sheet is not entirely
rigid, however; a compromise must be made between sheet size/mass and its porta-
bility. Originally, the authors of this method [14] had replaced the study surface by
a rigid surface of similar dimensions. It is clear that this could not be implemented
in the same fashion in situ, therefore the steel sheet is quite thin, allowing the mi-
crophone position to be virtually unchanged between both measurements. In this
case, the approximation that the same noise and reverberation is incident on the
surface (sheet or study surface), is more justified.
Interestingly, this method compares the study surface with a rigid surface. The
measurement at the rigid surface should give the maximum level of sound pressure
measurable in this configuration. We have also discussed the subtraction technique,
which relies on the comparison of a perfectly absorbing surface (air) with the surface
under study. The measurement in air will give the minimum level of sound pressure
measurable in this configuration. We have seen that rigid surface measurements
using the subtraction technique have shown unexpected results. On the other hand,
the surface pressure method has been applied to surfaces covering the full range of
absorption characteristics.
The supporting structure for the steel sheet was designed such that the sheet
could be mounted at different heights with variable contact between the surface and
the sheet. Errors in mounting have been discussed, and shown to be as large as ±
0.1 for a perfectly reflective surface and slightly less for an absorptive surface. The
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microphone loudspeaker distance was also shown to yield variable results at large
and small distances. At large distances this was caused by the instability of the
microphone support, which would bend under its own weight. At small distances
the interaction between the loudspeaker and the sound field is significant, which
was previously neglected in the theory.
This method has shown the characteristics of three surfaces covering the entire
range of absorption: a rigid surface, a resonant surface and an absorptive surface.
Measurements were taken down to 50 Hz, having a resolution which other methods
failed to achieve. The mass-air-mass resonance peak was clearly identified in the
absorption spectrum for the resonant surface. Restrictions on the frequency reso-
lution are based on the size of the surface under study and the steel sheet, which
would merit more attention if this method is to be improved. This is related to
diffraction effects which were neglected in this study.
The mass of this measurement configuration is considerable. The mounting
structure (steel sheet and supports) has to be assembled and dis-assembled in order
to measure the absorption characteristics of a surface. This is a disadvantage of
this method.
Near-field measurements were suggested in order to increase the sound level of
the incident and reflected waves compared to the room reflections and diffraction.
This would then allow these contributions to be safely neglected. On the other
hand, this will also increase the sound level of the scattered wave from the loud-
speaker. A compromise is made between the strength of the diffracted waves and the
strength of the scattered wave. We have previously shown that the scattering can
be incorporated in the theory for the reflection factor. If near-field measurements
are used, then the scattering of the loudspeaker would have to be known. This
approach may be impractical if the scattering cannot be measured accurately. In
addition, small variations in loudspeaker-microphone positioning between measure-
ments could cause significant errors. The construction of the mounting structure
may benefit from an alternative design which would eliminate mounting error and
maintain accurate positioning of the loudspeaker and microphone.
5.3 Recommendations for Future Work
Several problems should be further investigated in order to improve the accuracy
of the surface pressure method. First, it would be important to eliminate or reduce
the error caused by the mounting of the steel sheet. An apparatus could also
be used to fix the loudspeaker and microphone position relative to the support
structure. In addition, a calibration measurement could be used on a rigid surface,
open air, or a surface of known acoustic impedance in order to improve the accuracy
of the method. All measurements were performed at normal incidence, therefore
measurements for other angles of incidence should be attempted.
The diffraction of sound by the sheet and support structure should be further
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investigated. If the diffraction were calculated for the current setup, this could
be removed in the post-processing of the measurement data. Alternatively, a cal-
ibration measurement may compensate, or normalize the effects of diffraction. If
an alternative design and proper calibration were made, near-field measurements
would perhaps be possible. The scattering from the loudspeaker would have to
be known in this case, and as mentioned previously, this may be difficult to mea-
sure/calculate.
The impulse response shortening and gating method works in conjunction with
the other proposed methods. This is a valuable approach since it reduces the
amount of time-data necessary to obtain sufficient frequency resolution at low fre-
quencies. In particular, the reflection method and the subtraction technique could
benefit significantly from this approach. Simple windowing has resulted in the
smoothing of the absorption coefficient at low frequencies with these methods.
More study may be required in order to verify the applicability of this method.
Low-frequency data recovery is based on the modelling of the loudspeaker. We
speculate that the surface under study should be modelled as well. If this were the
case, then assumptions of the surface would have to be made, which may cause
problems.
Two additional measurement approaches were considered by the author but
time constraints did not allow their investigation. The use of a combined pressure-
velocity measurement device, termed a “microflown” would allow the specific acous-
tic impedance to be calculated at the study surface. However, calibration difficulties
exist due to amplitude and phase mismatch [22] between pressure and velocity sen-
sors. Second, a similar concept may be implemented using a microphone and an
accelerometer. The response of the accelerometer would require time integration
in order to yield velocity data. In the frequency domain, this is simply done by
dividing the frequency response by jω. Once again, this would result in the spe-
cific acoustic impedance of the surface and may be used to determine the reflection
factor and absorption coefficient. Calibration would have to be performed such
that the ratio of pressure to velocity would truly represent the specific acoustic
impedance of the study surface.
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5.4 Conclusions
In situ measurements have proved to be difficult. Different results are obtained
using different measurement methods. In general the measurement environment is
not controllable and therefore noise and room reflections have to be tolerated or
removed. We have seen that the removal of room reflections will affect the resulting
frequency resolution. For these reasons it is expected that in situ measurements
will not achieve the same accuracy as in a laboratory. On the other hand, the rever-
beration chamber and the impedance tube methods, which are known as standard
methods used to characterize materials are also subject to measurement errors1.
The surface pressure method was the preferred method for conducting in situ
measurements of acoustic absorption. The surface under study was compared with
a rigid surface at the same location in a room, resulting in similar noise and re-
verberation for both measurements. Absorption coefficients were obtained from 50
Hz to 4 kHz, showing the characteristics of a rigid surface, a resonant surface and
an absorptive surface. Once again, the accuracy of these results is not yet clear.
Improvements to this method are possible and have been discussed in Section 5.2.
In particular the measurement of a surface of known acoustic impedance, and the
calibration of this system would be beneficial.
A simple and effective in situ measurement of the acoustic properties of a surface
is still sought after. The methods proposed in this study may achieve the desired
accuracy with some more development. It is the author’s hope that this work may
serve as a stepping stone to further develop the methods presented herein.
1Round robin tests of one sample in various reverberation chambers has shown differences of
0.1-0.2 in the absorption coefficient [16]. Dutilleux has also shown that the incorrect mounting of
a sample in an impedance tube can result in significant errors [8].
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Appendix A
Transmission of Sound for Panels
and Plates
A.1 Flexural Vibrations of Finite Elastic Plates
Sheets and plates do not only vibrate due to external forces, but also once set in
motion, have restoring forces analogous to a spring. The effect of this property is
given by a few parameters, the elastic modulus E, Poisson’s ratio s, as well as the
mass per unit area σ and thickness h of a plate. In the following it is assumed that
the plate is thin. More specifically, this requires that the wavelength of a bending
wave on the plate is larger than six times the plate thickness [43].
In order to discuss the effects due to the elastic properties of a plate, we must
first define the relevant parameters. The elastic modulus is related to the change in
length of a material under stress, which is mathematically represented by Hooke’s
law [26]
S = Eε (A.1)
where S is the longitudinal stress (applied pressure) and ε is the longitudinal strain:
the elongation of a material divided by its original length. Here we consider that the





Particular modes of vibration will exist if the plate is finite, which is the topic
of the present section. The following development highlights the results found
in Junger and Feit [18]. The boundary conditions at the edges of the plate are
complicated. Here we consider a plate of length lx and ly that is simply supported
(hinged) at it’s extremities in the xy plane. The displacement of the plate, ξ =





















The boundary conditions are specified by the support on the plate. In the case
of a simply supported plate, the displacement ξ and the bending moments, are zero
along the plate edges:
ξ(x, y) = 0, x = 0, lx or y = 0, ly (A.5)
∂2ξ(x, y)
∂x2
= 0, x = 0, lx (A.6)
∂2ξ(x, y)
∂y2
= 0, y = 0, ly. (A.7)












− ρshω2ξ = 0 (A.8)
which is satisfied for a particular form of ξ and particular angular frequencies.





























− σω2ξ = Fδ(x− xo)δ(y − yo) (A.10)
where δ is the Dirac delta, that is to say that the force F is present at x = xo and
y = yo and zero elsewhere. The solution to this differential equation is of the form


















where σlxly is the mass of the plate. Analogous to the case for acoustics, we are
seeking the mechanical impedance of the plate, Zm, which is given by the quotient























The numerator of Zm indicates that the mechanical impedance has zeros at ω =
ωmn, the plate’s normal modes of vibration. In other words, it would only require
a slight force on the plate in order to set it in motion at these frequencies.
The previous results thus indicate that the physical properties of a plate, such as
dimension, density and elastic characteristics, result in resonant behaviour. This
will selectively reflect or transmit sound energy at particular frequencies. It is also
important to note that no loss factor has been included in the previous analysis.
The damping coefficient for a material, η, sometimes accompanies the previously
mentioned physical parameters.
As in the previous section, we will present an example of an aluminium and a
steel plate. Table A.1 summarizes the material properties of given dimensions lx and
ly, density, thickness, Young’s modulus and Poisson ratio. The first 25 resonance
frequencies of both plates are given in (A.13) and (A.14) by use of ω = 2πf in
(A.9).
Material lx [m] ly [m] h [10
−3·m] ρ [103·m3/s] E [1010·N/m2] s
Aluminium 1.2 1.6 2.8 7.4 0.33
Steel 7.8 20 0.28




5.3 13.2 26.4 44.8 68.6
13.2 21.1 34.3 52.7 76.5
26.4 34.3 47.5 65.9 89.7
44.8 52.7 65.9 84.4 108.1




5.4 13.6 27.2 46.3 70.8
13.6 21.8 35.4 54.4 79.0
27.2 35.4 49.0 68.1 92.6
46.3 54.4 68.1 87.1 111.6
70.8 79.0 92.6 111.6 136.1
 Hz (A.14)
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where famn is for aluminium and fsmn is for steel. We see that the results are very
similar. This is due to the fact that the ratio of bending stiffness to mass per unit
area for each sheet (B/ρsh) is very close: 6.2 m
4/s2 for aluminium and 5.8 m4/s2
for steel (see (A.9)). We see that more than half of the resonance frequencies are
above or equal to 50 Hz. This indicates that such a sheet would have resonances
in our region of interest. Section 2.3 discusses other effects that may dominate the
motion of the plate in the frequency region of interest. In the next section, we
discuss the coincidence/damping controlled region. This was above the frequency
range of interest in this thesis.
A.2 Coincidence/Damping Controlled Region
The coincidence/damping controlled region begins at the critical frequency given
by (2.45). This is when the sound wave and the movement of the panel are in





where θ = θ∗ is the incident angle at coincidence, λ the wavelength of the acoustic
wave and λp the wavelength of the vibrations in the panel. This may be rearranged











requiring that λ  λp since λ = 0 corresponds to an infinite frequency. In fact,
this effect is important when the incident wave is not at normal incidence. The
first coincidence frequency is at glancing angle incidence (θ∗ = π/2). For more
information on this effect, see [44].
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Figure A.1: Bending waves on a panel. An acoustic wave is incident at an angle
θ = θ∗ on a panel having bending waves. Coincidence occurs when the ratio of the
incident pressure wave wavelength to bending wave wavelength is equal to sin θ∗.
Figure has been reproduced from [18].
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Appendix B
Geometry of Sound Pressure
Method Measurement Locations
B.1 Front Door 2nd Floor
Figure B.1: Photograph of the FD2 location. The wall to the right of the picture
was measured. Notice the section of wall extending into the measurement area.
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Figure B.2: Geometry of room and measurement configuration in FD2. A section
of wall was protruding into the room in the left top corner.
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B.2 Back Door 2nd Floor
Figure B.3: Photograph of the BD2 location. The wall to the right of the picture
was measured.
Figure B.4: Geometry of room and measurement configuration in BD2.
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B.3 Back Door 3rd Floor
Figure B.5: Photograph of the BD3 location. The wall to the left of the picture
was measured.
Figure B.6: Geometry of room and measurement configuration in BD3.
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